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Motorola is a major supplier of Semiconductors to Telecommunications equipment manu- 
facturers worldwide, and our data manuals for such standard products as dedicated MOS 
and Bipolar Telecom ICs, CMOS Special Circuits, High-Speed CMOS, ECL, TTL, Linear, 
Power Transistors, Microprocessors, and Memories, are on the reference shelves of 
designers throughout the industry. 


This data book pulls together Motorola’s Semiconductor Products which are dedicated to 
applications in Telecommunications. It reflects both the growing portfolio of Motorola 
devices for Telecommunications and the need for designers to have product information at 
hand in a convenient form. 


Many of the products presented here are new, for new applications in an industry which is 
presently one of the most dynamic and fastest growing— Telecommunications. It was possi- 
bie only to include a limited amount of application material. Hence these products are sup- 
ported by applications and product specialists within the Motorola Semiconductor organiza- 
tions. Should you require further details or assistance in designing with any of these 
devices, your Motorola Semiconductor Sales Office can put you in touch with the relevant 
expertise within our organization. | 


Motorola reserves the right to make changes to any product herein to improve reliability, 
function or design. Motorola does not assume any liability arising out of the application or 
use of any product described herein; neither does it convey any license under its patent 
rights nor the rights of others. 


Motorola, Inc. general policy does not recommend the use of its components in life sup- 
port applications, where in a failure or malfunction of the component may directly threaten 
life or injury. Per Motorola Terms and Conditions of Sale, the user of Motorola components in 
life support applications assumes all risk of such use and indemnifies Motorola against all 
damages. 


Series A 
© Motorola Inc., 1984 
Printed in U.S.A. | “All Rights Reserved” 











ALPHANUMERIC INDEX 


This index includes all Motorola devices used specifically in telecommunication applica- 
tions. Information for the devices identified with page numbers appears in this book. All 
other devices are fully characterized in the book referenced at the right of the device 


number. 


Linear — See DL128, Linear and Interfaces Integrated Circuits 
MECL— See DL122R1, MECL Device Data 

MCU —See DL132R1, Single-Chip Microcomputer Data 
MPU —See DL133, 8-Bit Microprocessor & Peripheral Data 
Opto — See DL118R1, Optoelectronics Device Data 

RZD —See DL125, Rectifier and Zener Diodes Data 

SF  —See DL130, CMOS/NMOS Special Functions Data 
SS  —See DL126, Small-Signal Transistor Data 


Device 
Number Function 


MC1374 TWIMGGUIATORCICUN 2s oe Le hoes eee a tei ake eg ese 
MC1376 FIV MOGUIAtOMGINCUI turin ee beg dod BS nee ect ee 
MC1496 Balanced Modulator-Demodulator....................05. 
MC1648 Voltage-Controlled Oscillator .........0. 0.0.0.0 00 eee 
MC3356 Wideband FSK Receiver ...........0. 20.0000 ccc eee 
MC3357 LOW: POWEREIVIE sx 6.25 102% g 2stta ni tonlg eas bows 8 edie ee ee 
MC3359 High Gain Low-Power FMIF........... 0.00.00 eee 
MC3361 Low-Voltage Narrow-BandFMIF................... eee 
MC3362 Low Voltage FM/FSK Receiver .............. 0.000.000 0 
MC3393 Two-Modulus Prescaler..........0..0 0.00000 eee eee ee . 
MC3396 Divide-by-20 Prescaler ...........0 000000. c cee eee 
MC3416 CrosspoInt SWitch (4X 4X2). 2c2 6165 hice setae eee ae 
MC3417 CVSD Modulator-Demodulator (3-Bit Algorithm) .......... 
MC3418 CVSD Modulator-Demodulator (4-Bit Algorithm) ..... ates 
MC3419 Subscriber Loop Interface Circuit...................000.0. 
MC3419-1L Subscriber Loop Interface Circuit...........0.0000..0.00.. 
MC34F19 Subscriber Loop Interface Circuit................0000005. 
MC3517 CVSD Modulator-Demodulator (3-Bit Algorithm) .......... 
MC3518 CVSD Modulator-Demodulator (4-Bit Algorithm) .......... 
MC6172 2400 bps Digital Modulator (DPSK) .....................5. 
MC6173 2400 bps Digital Demodulator (DPSK) .................... 
M C6800 8-Bit Microprocessor Unit .......0... 0.0.00... eee eee 
MC6809 8-Bit Microprocessing Unit ........... 0.0.0.0... eee 
MC6801 S- Bit MicrOCOMmpUTer UNI aksaaaki ln ts ates sedges 
MC6804 O-oIUIMIEIOCOMpPUTEr UNIT 2 ke tot Reicks Rete oe gate age 
MC68HCO04 = 8-Bit HCMOS Microcomputer Unit ............... ff tce hat 
MC6805 8-Bit HMOS Microcomputer Series .................00005 
MC68HCO05 =8-Bit HCMOS Microcomputer Series. ...............020.. 
MC6850 Asynchronous Communications Interface Adapter ......... 
MC68HC51 = Asynchronous Communications Interface Adapter ....... us 
MC6852 Synchronous Serial Data Adapter ....................0.. 
MC68HC53 Asynchronous Communications Interface Adapter ......... | 
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Number 
Linear 
Linear 
Linear 
MECL 
Linear 
Linear 
Linear 
Linear 
Linear 


Linear 


Linear 
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Number 


MC6854 
MC6860 

MC12002 
MC12009 
MC12011 
MC12013 
MC12015 
MC12016 
MC12017 
MC12018 
MC12019 
MC12022 
MC12023 
MC12071 
MC12073 
MC12074 
MC12090 
MC13010 
MC14400 
MC14401 
MC14402 


MC14403 — 


MC14405 
MC14408 
MC14409 
MC14410 
MC14411 
MC14412 


MC14413-1 
MC14413-2 
MC14414-1 
MC14414-2 


MC14416 
MC14417 
MC14418 
MC14419 
MC34010 
MC34011 
MC34012 
MC34013 
Mc34014 
MC34017 
MC34018 


MC142100 
MC143403 
MC143404 — 
MC145026 
MC145027 
MC145028 


? Page 
Function 


Number 

Advanced Data-Link Controller........ Ce ee rae ee ee MPU 
0-600 bps Mod/Demodulator (Bell 103/CCITT V.21).......... ... 2-100 
Analog Mixer..... i aiid dia ian rea Baas Bt eh ee Saat oe BE Pere MECL 
Two-Modulus Prescaler (+5/ +6) ........ 00.00 ccecceceeseeee. MECL 
Two-Modulus Prescaler (+8/+9) ............... seats ated, Bikes MECL 
Two-Moduls Prescaler (+ 10/+11) ...... ee ree ee ceweae (IMEC 
Low-Power Two-Modulus Prescaler (+ 32/ + 33)............. ec IMIECL. 
Low-Power Two-Modulus Prescaler (+ 48+41)............ avetes MECL 
Low-power Two-Modulus Prescaler (+ 64/+65)..... er eee MECL 
520 MHz Low-Power Prescaler (+ 128/ +129) .................. MECL 
Low-Power Two-Modulus Prescaler (+ 20/+21)................ MECL 
1.0 GHz Low-Power Two-Modulus Prescaler (+ 128/+129) ...... MECL 
Low-Power Prescaler (+64) ......... 0... cece cece eee MECL 
High-Speed Prescaler (+64/ +256) ........0..0. 0.0.0... MECL 
Low-Power Prescaler (+64) .....0 0000.00.00. eee MECL 
Low-Power Prescaler (+256) ....... pit ig Ae ak ee ree MECL 
High-Speed Prescaler(+2)........0 0.0000 c ccc enn MECL 
TV Parallel Sound |!Fand AFT......... beck eupeatene gait tee noes: Linear 
Single-Chip PCM Codec/ Filter Mono-circuit ............. Haschek: 2-114 
Single-Chip PCM Codec/Filter Mono-circuit ................00. 2-114 
Single-Chip PCM Codec/ Filter Mono-circuit ..... eenbeicntees 2A 
Single-Chip PCM Codec/Filter Mono-circuit.................... 2-114 
Single-Chip PCM Codec/Filter Mono-circuit ....... eee eee 2-114 
Binary to Phone Pulse Converter ...................04. eee 2-128 
Binary to Phone Pulse Converter ........... fae ess dias a ae ot oie 2-128 
2-of-8 Tone Encoder........... ah ipiasa cae dian tease a aan dt eet 2-136 
Bit Rate Generator ........... 0.0.0.0. ee ee. aiteg on Scere 4 toad 2-140 
0-600 bps Modulator (Bell 103/CCITT V. 21) Cate, ee Pree Ries 2-143 | 
PCM Band-Pass/Low-Pass Filter (CCITT). ....... re patents 2-149 
PCM Band-Pass/Low-Pass Filter (D3/D4) ............. ines 2-149 
PCM Dual Low-Pass Filter (CCITT). .......0. 0.0.0.0... 00. eee 2-149 
PCM Dual Low-Pass Filter (D3/D4) ........0....0..0..00 00000005 2-149 
Time Slot Assigner Circuit (Serial) ..........0... 00005. weteeeee, ~21O4 
Time Slot Assigner Circuit (Parallel) ...................0....00.0. 2-184 
Time Slot Assigner Circuit (Programmable) ................. ... 2-164 
2-of-8 Keypad-to-Binary Encoder ............ adits Sonic cues wee. 2-188 
Electronic Telephone Circuit (MCU Interface)..............0.. 2-192. 
Electronic Telephone Circuit ...... Nee eee ee oe etn eee, 2-192 
Telephone Tone Ringer .................... er re tetas 2-216 
Speech Network and Tone Dialer..........0....00.0..0...0.000.0. 2-224 
Telephone Speech Network With Dialer Interface ............... 2-239 
Telephone Tone Ringer ................ ee ee paras Mice 2-241 
Speakerphone Network .......... 0.00.00 cee eee eee ee ee 2-249 
Crosspoint Switch With Control Memory (4x4x1) ......... ci... ©2261 
Otad Line DIANGl sc bunniten cated on wines edt Geese 2-257 
Quad Line Driver.............. vitae hh eeetio digs heen sania 2-257 
Programmable Encoder ........ Citi acie heh, deveciucish Lauupinstatae. Li SF 
Programmable Decoder.......... eee eee ee ee SF 
Programmable Decoder ....... ee ee ee eee eee eee oe SF 
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MC145029 
MC145100 
MC145106 
MC145145 
MC145146 
MC145151 
MC145152 
MC145155 
MC145156 
MC145157 
MC145158 
MC145159 
MC145168 
MC145402 
MC145406 
MC145409 
MC145411 
MC145414 
MC145415 
MC145418 
MC145419 
MC145422 
MC145426 
~ MC145428 
MC145429 
MC145432 
MC145433 
MC145440 
MC145441 
MC145445 
MC145450 
MC146805 
MC68000 
MC68153 
MC68590 
MC68452 
MC68652 
MC68661 
MC68681 
MC68901 


Function 


Programmable Decoder..............0. 0.0000 c eee 
Crosspoint Switch With Control Memory (4x51) .....0..0... 
PLL Parallel Programmable Frequency Synthesizer ............. 
PLL4-Bit Data Bus Programmable.......................0040. 
PLL 4-Bit Data Bus Programmable.......................00.. 
PLE Parallel ProOgranitnaule; arcs 429sidvaue be teonon Reeders 
PLL Parallel Programmable ........ bik baa dystr stots Se ctesthies se avairtsh eae aden 2 
PLL Serial Programmable ................0 00000 c cece ~ 
Pbk: S6llal- JOO) di iMMaule: «tin0% bah tebe a base aa eed ekne eas : 
PLL Serial Programmable: .-..<si0244 2120s voveate ee addins 
PLL Serial Programmable ........... 20.0.0... 0c eee eee eee 
PLL Serial Programmable .............. 0.0000. 
Dual PLL 4-Bit BCD Programmable ......................00.. 
TS7 BIC LINGal GOCE issih e anseto re eh dtd nahtee inden bbw ane ecedtan’, @ Por modandes 
RS-232/V.28 Driver/Reciver..........0. 0.0000 ccc e eee eee 
Integrated Pulse Dialer With Redial ......................0... 
DiCmate Genelatol. «5.63 «his aa ae hoe re oaeaeuee eh eae 
Dual Tunable Low-Pass Sampled Data Filter .................. 
Dual Tunable Linear Phase Low-Pass Sampled Data Filter ....... 
Digital-Loop Transceiver (Master) .................00-. 00008. 
Digital-Loop Transceiver (Slave).................20000200 00000. 


Universal Digital Loop Transceiver (2-Wire Master) ............. 
Universal Digital Loop Transceiver (2-Wire Slave) .............. 
DataSet InteriaCce( DSI) scisc-c sear as cen Mew cee kekis Shag eeeeed 
Telset Audio Interface Circuit (TAIC).................000. bees 
Notch/Band-Pass 2600 Hz Tone Signalling Filter............... 
Tunable Notch/Band-Pass Filter ............... 0.0.00. 0000 ue | 
300 bps Modem Band-Pass Switch Capacitor Filter (Bell 103) .... 
300 bps Modem Band-Pass Switch Capacitor Filter (CCITT V.21) .. 
0-600 bps Mod/Demodulator (Bell 103/CCITT V.21)............ 
O-1800 bps Mod/Demodulator (Bell 202/ CCITT V.23)........... 
8-Bit CMOS Microprocessor SerieS .......... 0.0000 cee eee 
10- Bit MICKODTOCESSON .2.o.%c3nk dake boh6 a ececy vad oat ache ore 
BUSANteMUpter MOGUIE asc ug ees oe ea ee epee ede eae 
LAN Controller for Ethernet...........0.0.0.0..00 00 ccc eee eee 
BUS Arbitration Module 2s. a0) 5 eds ahk o da ae Pow Sache be Ded 
Multi-Protocol Communications Controller.................05. 
Enhanced Programmable Communications Interface ......... i 
Dual Asynchronous Receiver/Transmitter (DUART)........ seks 
Multi-Function Peripheral .........0.000 0.0.0.0... cece eee 


“Contact your Motorola representative for the most up-to-date information. 
MO-sorb is a trademark of Motorola Inc. 
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DISCRETE DEVICES | | | | 
1N6274 MO-sorb Zener Overvoltage Suppressors ........ A Saad eee . RZD 
4N25 Opto Coupler... ....- 2. .eeeee eee eee. qs ats weevasees. Opto 
MDA201 Bridge Rectifier ais-¢ 6. e.ead bag hs eee eer antec reds nero bea? ~ RZD 
MFOD1100 Pin Photo Diode for Fiber Optic Systems er ye eons BI dee ohne Opto 
MFOE1200 High-Power AlGaAs LED Fiber Optic Emitter ........ Rone eee ... Opto 
MOC3030 Zero Voltage Crossing Optically Isolated Triac Driver............. Opto 
M PSA42/43 NPN 300 V/200 V TO-92 Transistors 
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SELECTOR GUIDE 


~ This index includes all Motorola devices used specifically in telecommunication applica- 
tions. Information for the devices identified with page numbers appears in this book. All 
other devices are fully characterized in the book referenced at the right of the device 
number. | 


Linear — See DL128, Linear and Interfaces Integrated Circuits 
MECL— See DL122R1, MECL Device Data 

MCU — See DL132R1, Single-Chip Microcomputer Data | 
MPU — See DL133, 8-Bit Microprocessor & Peripheral Data 
Opto — See DL118R1, Optoelectronics Device Data 

RZD —See DL125, Rectifier and Zener Diodes Data 

SF —See DL130, CMOS/NMOS Special Functions Data 
SS —See DL126, Small-Signal Transistor Data 


Device Page 
Number Function Number 
FILTERS 

MC14413-1 PCM Band-Pass/Low-Pass Filter (CCITT)..................0005 2-149 
MC14413-2. PCM Band-Pass/Low-Pass Filter (D3/D4) ..................04. 2-149 
MC14414-1 PCM Dual Low-Pass Filter (CCITT) ............. 0.0.0.0 .00 00006. 2-149 
MC14414-2. PCM Dual Low-Pass Filter (D3/D4) ............. 0.0.0.0... 0005. 2-149 
MC145414 Dual Tunable Low-Pass Sampled Data Filter ................... 2-267 
MC145415 Dual Tunable Linear Phase Low-Pass Sampled Data Filter ........ 2-2/4 
MC145432  Notch/Band-Pass 2600 Hz Tone Signalling Filter................ 2-327 
MC145433 Tunable Notch/Band-Pass Filter ............... 20.0.0... 00 e, 2-333 
MC145440 300 bps Modem Band-Pass Switch Capacitor Filter (Bell 103) ..... 2-339 


MC145441 300 bps Modem Band-Pass Switch Capacitor Filter (CCITT V.21).. 2-345 


CENTRAL SWITCHING EQUIPMENT 


MC3417 CVSD Modulator-Demodulator (3-Bit Algorithm) ............... 2-11 
MC3418 CVSD Modulator-Demodulator (4-Bit Algorithm) ............... 2-11 
MC3419 Subscriber Loop Interface Circuit............ 0.0.00. cee eee 2-29 
MC3419-1L Subscriber Loop Interface Circuit........... Deh iSites Biden eee Gos 2-45 
MC34F19 Subscriber Loop Interface Circuit................0 0... .0000 0004 2-61 
MC3517 CVSD Modulator-Demodulator (3-Bit Algorithm) ............... 2-11 
MC3518 CVSD Modulator-Demodulator (4-Bit Algorithm) ............... 2-11 
MC14400 Single-Chip PCM Codec/ Filter Mono-Circuit ..... ene a nee ae 2-114 
MC14401 Single-Chip PCM Codec/ Filter Mono-Circuit ................... 2-114 
MC14402 Single-Chip PCM Codec/Filter Mono-Circuit ................... 2-114 
MC14403 Single-Chip PCM Codec/ Filter Mono-Circuit .......... Leeeeeees 2-114 
MC14405 Single-Chip PCM/Filter Mono-Circuit ...............000.0. tet. 2-114 
MC14416 Time Slot Assigner Circuit (Serial) ............00..0.......000. 2-164 
'MC14417 Time Slot Assigner Circuit (Parallel) ...............00.....0005. 2-184 
MC14418 Time Slot Assigner Circuit (Programmable) .................... 2-164 
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Number Function Number 





CROSSPOINT SWITCHES 


MC3416 Crosspoint Switch (4x 4x 2)..00000 0000000000000. ee Seana secs & 2-2 
MC142100  Crosspoint Switch With Control Memory (4x 4x1) ............. 2-251 
MC145100  Crosspoint Switch With Control Memory (4x 4x1) ...0..00000.. 2-251 


INTEGRATED VOICE/DATA 


MC145418 _Digital-Loop Transceiver (2-Wire Master) .................-.--, 2-279 


MC145419 ~~ Digital-Loop Transceiver (Slave)................... Pe ee ae 2-279 
MC145422 Universal Digital Loop Transceiver (2-Wire Master) .............. 2-292 
MC145426 ~—_ Universal Digital Loop Transceiver (2-Wire Slave) ............... 2-292. 
MC145428 Data SetInterface(DSI) ......... 0.0.0 2-307 


MC145429 Telset Audio Interface Circuit (TAIC) .....................0.04. 2-318 


CORDED TELEPHONE 


MC34010 Electronic Telephone Circuit (MCU Interface)................0-. 2-192 


MC34011 Electronic Telephone Circuit ........0000.00.....00 00 cece eee 2-192 
MC34012 Telephone: Tone RINGeF 2053.25 tne nan eancwnen hace getetcadunwe ot 2-216 
MC34013 Speech Network and Tone Dialer.........................00.. 2-224 
MC34014 Telephone Speech Network With Dialer Interface ............... 2-239 
MC34017 Telephone VGN RINGSr vce tts a tateae he else eee oa eee. 2-24 
MC34018 Speakerphone Network.......... ee Ak act ec stale eshte hob Bree etuae, ease 2-249 
MC14408 Binary to Phone Pulse Converter ......... 0. .... 0. eee eee 2-128 
MC14409 Binary to Phone Pulse Converter ............0. 20.000 e eee eee 2-128 
MC14410 2201-6: TOME ENCOCCl sane 5 oot. t ote bare Hist: aleenathhe ania 2-136 
MC14419 2-to-8 Keypad-to-Binary Encoder ...................0004 eae: — 2-188 
MC145409 Integrated Pulse Dialer With Redial ...............:.... 0.00005. 2-263 
MC145426 ~— Universal Digital Loop Transceiver (2-Wire Slave) ............... 2-292 
ViC145428- “Data Set interface (DSI) <2uc.3s on heehue teen te a ee ak 2-307 


~ MC145429 Telset Audio Interface Circuit (TAIC) ...................20 0000. 2-318 


CORDLESS TELEPHONE 


MC1376 PM: MOGUIATOr GIFCUIT « occacd eu dea Seda eels ea, eR bed eds wee ee ees Linear 


MC1496 Balanced Modulator-Demodulator.............. 0.000 cece eens ~ Linear 
MC3356 Wideband FSK Receiver .................0000eeeeeeeeeec.... Linear 
MC3357 Low Power FMIF................ Bee ene ere ee ee ad ieee 2s Linear 
MC3359 High Gain Low-Power FMIF........... ee ey eee Rye cee one . Linear 
MC3361 Low-Voltage Narrow-Band FMI!F..................6. eee Linear 
MC3362 Low Voltage FM/FSK Receiver ....... by datnles andi ater sta ee Linear 
MC12002 Analog MIXGGs s4:03-65.0o5'3 oth eak ie eee era eee ae oo... MECL 
MC12015 Low-Power Two-Modulus Prescaler (+32/+33)..............0. MECL 


MC12016 Low-Power Two-Modulus Prescaler (+40/+41)................ MECL 
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Device Page 
Number Function Number 
MC12017 Low-Power Two-Modulus Prescaler (+ 64/+65)........ he dubes MECL 
MC12019 Low-Power Two-Modulus Prescaler (+ 28/ + 21) ‘ied cated tie tek oe... MECL 
MC34012 Telephone Tone Ringer ............ 0.00 cece cc cece eee 2-216 
MC34013 Speech Network and Tone Dialer.................... Soa hae Boe 2-224 
MC34014 Telephone Speech Network With Redialer Interface ........0.... 2-239. 
MC145026: Programmable Encoder ..«5.2.4540520 cad coetes candi pod eeas SF 
MC145027_ ~=Programmable Decoder................00..00 0 eee Lk pina etisans SF 
MC145028 Programmable Decoder.............. 0.0... ce = OF 
MC145029 + Programmable Decoder................ hp sod ee ia ate eae: SF 
MC145106 ~PLL Parallel Programmable Frequency Synthesizer eee b aoenes SF 
MC145145 PLL4-Bit Data Bus Programmable......................000005 =o) ae 
MC145146 PLL4-Bit Data Bus Programmable...... Seta atest 4s OA ele oF 
MC145151 PLL Parallel Programmable ...... re Sree Bb alee acta teat ite Ree ore SF 
MC145152 ~=PLL Parallel Programmable ............... 00.00.0000 eee eee. SF 
MC145155 = PLL Serial Programmable .......... 0.0.0.0... cece ee SF 
MC145156 PLL Serial Programmable ......... aia 2) open ae aaa Siaid a diase SF 
~MC145157.~—- PLL Serial Programmable ..............000 0.000 cece eee eee SF 
MC145158 ~=PLL Serial Programmable ........ Se eee ee re er SF 
MCi145168 DualPLL4-BitBCD Programmable ............. ee ee eer L “OF 
MC145409 _—s Integrated Pulse Dialer With Redial ...................... tise. (20 
MODEMS | 
MC6172 2400 bps Digital Modulator (DPSK) ......... ee atene es tees 2-77 
MC6173 2400 bps Digital Demodulator (DPSK) ..... eee ee Te eee eS 2-85 
M C6860 0-600 bps Modulator/ Demodulator (Bell 103/CCITT V.21)........ 2-100 
MC14411 Bit Rate: Generator scaetl ek oe ce el d heh AL ee ee 2-140 
MC14412 0-600 bps Modulator/ Demodulator (Bell 108/CCITT V.21)........ 2-143 
MC143403 Quad Line Driver........................005. Re ee ee eae 2-257 
MC145406 = RS-232/V.28 Driver/Receiver................ od, Settee ety tetea At ooo tk 2-262 
MC145411 Bit hale GeNelratOldyeccu ten ed heed oom a etre ae ence erent — 2-264 
MC145440 300bps Modem Band-Pass Switch Capacitor Filter (Bell 103) ..... 2-339 
MC145441 300 bps Modem Band-Pass Switch Capacitor Filter (CCITT V.21) .. 2-345 
MC145445 ~=0-600 bps Modulator/ Demodulator (Bell 103/CCITT V.21)........ 2-351 
MC145450 ~=0-1800 bps Modulator/Demodulator (Bell 202/CCITT V.23)....... 2-356 
DATA COMMUNICATIONS 
M C6850 Asynchronous Communications Interface Adapter .............. MPU | 
MC68HC51_ ~=Asynchronous Communications Interface Adapter .............. MPU 
MC6852 Synchronous Serial Data Adapter ............. 0.0.0.2... eee MPU | 
MC68HC53 Asynchronous Communications Interface Adapter oe een re et MPU - 
MC6854 Advanced Data-Link Controller.............. Reeee Oe etre MPU 
MC68153 Bus Interrupter Module ........... 0.0... c cena : 
MC68452 Bus Arbitration Module ...................04. teste deer die sicalotadts i 
MC68652 ~Multi-Protocol Communications Controller..................... i 
MC68661 Enhanced Programmable Communications Interface ............ ra: 
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Number Function Number 
MC68681 Dual Asynchronous Receiver/ Transmitter (DUART)............. ‘ 
MC68901 MUltizRUnGtOn Pelipnelal! 2.44.0025eone5ce ete eee fide ad 7 


LOCAL AREA NETWORK 


M C68590 LAN Controller for Ethernet.................... 0000 eee ee eaee 
RF MODEMS 
MC1374 UV MOGUIAtOr CIRCUIE oo sucricy oS die bee eee oder ues ae Linear 
MC1376 EM MOGUIGTOR CIRCUIT sw ctx 2:44 bol ndcee Hila doa wad eee Gls rn tee tiered Linear 
MC1496 Balanced Modulator-Demodulator....................00.0000. Linear 
MC3356 Wideband FSK RECEIVE? ‘4.604 4.cveeu 62 ow yea ota wd FOE Wes Linear 
MC3393 Two-Modulus Prescaler..........0. 0.0000 cece eee eee an .... Linear 
M C3396 Divide BY 28 Prescdlel ender ete tas bod seid end thea Sere Sidere Linear 
MC12002 PRAOGIMIKCl ois chica x ako se uat os Aedes eee ee Mees epee MECL 
MC12009 Two-Modulus Prescaler (+5/+6) ...... 0.000.000.0000. 000 0 eee, MECL 
MC12011- Two-Modulus Prescaler (+8/+9) .........00.0.0000000 000000000. MECL 
MC12013 Two-Modulus Prescaler (+10/+11) ..........0..0.0..0.000000. MECL 
MC12015 Low-Power Two-Modulus Prescaler (+ 32/+33)........0...00.. MECL 
MC12016 Low-Power Two-Modulus Prescaler (+ 48/+41).........0..000.. MECL 
MC12017 Low-Power Two-Modulus Prescaler (+ 64/+65)........0.00.... MECL 
MC12018 520 MHz Low-Power Prescaler (+ 128/+129) .................. MECL 
MC12019 Low-Power Two-Modulus Prescaler (+28/+21)................ MECL 
MC12022 1.0 GHz Low-Power Two-Modulus Prescaler (+ 128/ + 129) ...... MECL 
MC12023 Low-Power Prescaler (+64) ..... 00.0000. eens MECL 
MC12071 High-Speed Prescaler (+ 64/ +256) ............. beep ae A pecie.rie MECL 
MC12073 Low-Power Prescaler (+64) ...0. 00.00... eee eee MECL 
MC12074 Low-Power Prescaler (+256) .....0.000 00.000. eee eens MECL 
~ MC12090 High-Speed Prescaler (+2) .....0 000.000 0c eee MECL 
MC145106 ~——~PLL Parallel Programmable Frequency Synthesizer .............. SF 
MC145145 PLL4-Bit Data Bus Programmable.................... 00.0005. SF 
MC145146 PLL4-Bit Data Bus Programmable.................... 0.00008. SF 
MC145151 ~—- PLL Parallel Programmable ..............000 0.00 cece eee SF 
-MC145152 ~~ PLL Parallel Programmable ................ 0.000000 e eee eee SF 
MC145155 PLL Serial Programmable ............... 0.0.0: c cee ees SF 
MC145156 PLL Serial Programmable ............... 0.000 eee SF 
MC145157  ~=PLL Serial Programmable .............. 0000.00. SF 


MC145158 PLL Serial Programmable ............ 0.0.0.0 cee eee SF 


MICROPROCESSOR PRODUCTS 


MC6800 S- Bit MIErOpl OCeSSOL Alt tits ote pore iere bo earh hee eens MPU 
MC6809 __—8-Bit Microprocessing Unit ............... 0.00000. e eee Sea dnan MPU 
MC6801 S-Bit Microcomputer UAltins4 cid octudedienbumticdddedictiader MCU 
MC6804 8-Bit Microcomputer Unit ............. 0.0. cee cette eee MCU 





Device Page 





Number Function Number 
MC68HC04 =8-Bit HCMOS Microcomputer Unit ................ Pee eee MCU 
MC6805 8-Bit HMOS Microcomputer Series ................. Sere ee MCU 
MC146805 8-Bit CMOS Microprocessor Series ............... 000000000 . MCU 
MC68HCO5 = 8-Bit HCMOS Microcomputer Series..................00. 0005. MCU 
MC68000 16-Bit Microprocessor .......... 00.000. eee foi). | 


VOLTAGE SUPRESSORS 

1N6274 MO-sorb Zener Overvoltage Supressors ..............0..-- 000 RZD 
DA201 BIIGGC CCUG) eae pArkens c ioe are a ee eG eS eaten Bh ea’ .... RZD 
POWER DRIVERS 


MFOD1100 Pin Photo Diode for Fiber Optic Systems........... tite eee Opto 


MFOE1200 High-power AlGaAs LED Fiber Optic Emitter ................... Opto 


MPSA42/43 NPN 300V TO-92 Transistors.................205. eater tae wee Ss 
OPTICAL CIRCUITS 


MOC3030 —‘Triac Driver Coupler .......... ee ea anesasee iieee: .. Opto 
AN25 Opto Coupler................ eye ee re Tee Pieedcreon Cate Opto 


“Contact your Motorola representative for the most up-to-date information. 
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Specifications and Applications 


Information 


‘4x 4x 2CROSSPOINT SWITCH 


The MC3416 consists of a pair of 4 x 4 matrices of dielectrically 
isolated SCR’s, triggered by a common selection matrix. The device is 
intended for switching analog signals in communication systems. The 
use of dielectric isolation processing provides excellent crosstalk 
isolation while maintaining minimal insertion loss. 

The selection array consists of PNP transistors with the input 
thresholds compatible with either McMOS or MTTL logic families. 

The MC3416 is a monolithic pin-for-pin replacement for the 
discontinued MCBH7601 hybrid device. 


Low Series Resistance — ron = 6.0 Ohms (Typ) @ lak = 20 mA 
High Series Resistance — ro¢¢ = 100 MQ2Q (Min) 

Pin Compatible with MCBH7601 or RC4444 

High Breakdown Voltage — 30 V (Typ) 

Selection Matrix Compatible with TTL or CMOS Logic Levels 
Dielectric Isolation Insures Low Crosstalk and Low Insertion Loss 


FIGURE 1 — REPRESENTATIVE CELL SCHEMATIC 
(Repeated 16 Times) — 


Anode A1 . Anode A2 


(B1,C1,01 (82,C2,D2 


Row Select = are Equivalent) are Equivalent) 


Ww ' 
(X,Y,Z are Equivalent) 


Cathode 
W1 SCR1 SCR2 


(X1,¥1,21 are Equivalent) © Cathode W2 


D1 - O02 (xX2,¥2,22 are Equivalent) 
Column Select A 


(B,C,D are Equivalent) 


FIGURE 2 — MATRIX CONFIGURATION AND NOMENCLATURE 
(X Indicates a Possible Connection) 
B Columns c 


12 


Associated Pairs 
Triggered 
Simultaneously 


4x 4x 2 CROSSPOINT 
SWITCH 


DIELECTRICALLY ISOLATED 
MONOLITHIC ~ 
INTEGRATED CIRCUIT 


L SUFFIX 
CERAMIC PACKAGE 
CASE 623 


P SUFFIX 
PLASTIC PACKAGE 
CASE 649 


PIN CONNECTIONS 


thode 
X2 
Row Select 
x 


Cathode 
w2 
Cathode Anode 
22 
Column 
Seiect A 
Column 
Select B 
Column 
Select C 
Column 
Select O 


Row Select 
Y 
Cathode 
Y1 
Anode 

D2 





MC3416 


MAXIMUM RATINGS (Unless otherwise noted. Ta = 25°C) 






1 

Enable Current | ten | 

Operating Ambient Temperature Range 
Storage Temperature Range 
Junction Temperature Range 150°C 


Anode-Cathode Current — Continuous AK 
(only one SCR ata time) a 
A 





































Anode Cathode Breakdown Voltage BVak 25 Vde 
(IAK = 25uA) 

Cathode-Anode Breakdown Voltage BVKA 25 Vde 
(Ik A = 25uA) 

Base-Cathode Breakdown Voltage BVek 25 Vdc 
(IBK = 25uA) 

Cathode-Base Breakdown Voltage BVKB 25 Vde 
(kp = 25uA) 

Base-Emitter Breakdown Voltage BVBE 25 Vde 
(IgE = 25uA) 

Emitter-Cathode Breakdown Voltage BVEK 25 Vde 
(leK = 25uA) 

OFF State Resistance loft M2 
(Vak = 10V) 

Dynamic ON Resistance ron 2 
(Center Current = 10 mA) (See Figure 8) 
(Center Current = 20 mA) 

Holding Current IH 0.7 mA 
(See Figure 10) 


Enable Current mA 
(Vee = 1.5 V) (See Figure 7) 
Anode-Cathode ON Voltage VAK Vv 
(tak = 10 mA) 
(lAK = 20 mA) - 
| Gate Sharing Current Ratio @ Cathodes Gsh mA/mA 
(Under Select Conditions with Anodes Open) (See Figure 3) 
Inhibit Voltage Na | V 
(Vg = 3.0 V) (See Figure 9) 
Inhibit Current linh mA 
(Vp = 3.0 V) (See Figure 9) 
OFF State Capacitance Cott pF 
(Vak = 0 V) ( See Figure 6) 
| Turn-ON Time ten 
(See Figure 4) 
| Minimum Voltage Ramp (Which Could Fire the SCR Under 
Transient Conditions) 


FIGURE 3 — TEST CIRCUIT 























4.5 mA 











MC3416 


FIGURE 4 — TEST CIRCUIT FOR dv/dt AND to, 






Clock © 
g 0+10 V 
oO VE Scope 
OVc Scope 
= Two Wire 
J Crosspoint 
1 Element 
Under Test 
me—nQ +5 V 
Vy 
0+10 V 
1.2k 
FIGURE 5 — TEST WAVEFORMS FOR dv/dt AND ton | Ll 


| —6.25 us | | | 
6.25 Hs ' 
FIGURE 7 — ENABLE CURRENT 
A i . . 


(Both SCR’s Must Turn On) 


10V le 10 V 





Inputs 


| 
| FIGURE 8 — THE CROSSPOINT SCR 


1-V CHARACTERISTIC (lg = 0) 
VK | | | | — : 


Vi and Vy +10 V 
+5 V 
+0.8 V 





Breakdown 
Voltage 





| 
| 
| 
| 
| 








<+8.5 V 
Voand Ve : 
Output <+2.5V . | dv/dt Test | SCR Must 
ton <1 us Time < 25 us | Remain OFF =< Vv 


(at 50% Amplitude Points) 
for dv/dt < 800 V/s FIGURE 9 — INHIBIT VOLTAGE AND INHIBIT 
CURRENT (Both SCR’s Must Remain OFF) 


FIGURE 6 — TEST CIRCUIT FOR OFF-STATE CAPACITANCE Vinh 
| 10V 3.3V linh 10 V 






All Device Pins Other Than Pins 
Under Test Are Connected to Test 
Equipment Ground Terminal 


Device 
Under 
Test 
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TYPICAL CHARACTERISTICS 





















FIGURE 10 — HOLDING CURRENT versus FIGURE 11 — ANODE-CATHODE ON VOLTAGE versus 
AMBIENT TEMPERATURE CURRENT AND TEMPERATURE 
11 
ee i a ee 
. a dO 
E ig SS ac BO ae we 
We 
=, Scare 
= ee ed [i ea Fa a ee 
ee we We edie ead 
ee re ee wale deal 
0 2.0 4. 6.0 . 80 10 12 14 16 18 20 
IAK, ANODE-CATHODE CURRENT (mA) 
FIGURE 12 — DIFFERENCE IN ANODE-CATHODE ON 
VOLTAGE (Between Associate Pairs of SCR’s) FIGURE 13 — OFF-STATE CAPACITANCE versus ANODE- 
versus ANODE-CATHODE CURRENT CATHODE VOLTAGE 
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FIGURE 14 — DYNAMIC ON RESISTANCE versus ANODE- FIGURE 15 — DYNAMIC ON RESISTANCE versus 
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MC3416 


FIGURE 16 — FEEDTHROUGH versus SIGNAL FREQUENCY 
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(See Figure 18) 
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FIGURE 17 — CROSSTALK versus SIGNAL FREQUENCY 


-60 







-70 


-80 





~110 
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-130 
0.1 rh 1,0 


SIGNAL sete a 


FIGURE 18 — TEST CIRCUIT FOR FEEDTHROUGH versus FREQUENCY 


Wave 
Analizer 


| 
LJ 


Ta = 25°C, vj, = 


12 dBm, Crosspoints Off 


Feedthrough = 20 Logg (v/vj) 





FIGURE 19 — TEST CIRCUIT FOR CROSSTALK versus FREQUENCY 





' Wave 
Analizer 


Ta = 25°C, vj = 12 dBm, Crosspoints On 
Crosstalk = 20 L091Q9 (V9 2/V94) 


TH HA Figure 19) Le || 
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MC3416 


TELEPHONE APPLICATION OF THE CROSSPOINT SWITCH 


The MC3416 crosspoint switch is designed to provide 
a low-loss analog switching element for telephony signals. 
It can be addressed and controlled from standard binary 
decoders and is CMOS compatible. With proper system 
organization the MC3416 can significantly reduce the size 
and cost of existing crosspoint matrices. 


SIGNAL PATH CONSIDERATIONS 

The MC3416 is abalanced 4x 4 2-wire crosspoint array. 
It is ideal for balanced transmission systems, but may be 
applied effectively in a number of single ended applications. 
Multiple chips may be interconnected to form larger cross- 
point arrays. The major design constraint in using SCR 
crosspoints is that a forward dc current must be main- 


tained through the SCR to retain an ac signal path. This 
requires that each subscriber-input to the array be capable 
of sourcing dc current as well as its ac signal. With each 
subscriber acting as a de source, each trunk output then 
acts as acurrent sink, The instrument-to-trunk connection 
in Figure.21 shows this configuration. However, with each 
subscriber acting as a dc source, some method of inter- 
connecting them without a trunk must be provided. Such 
a local or intercom termination is shown in Figure 22. 
Here both subscribers source dc current and exchange ac 
signals. The central current sink accepts current from both 
subscribers while the high output impedance of the current 
sink does not disturb the system. 

These configurations are system compatible. The dc 


FIGURE 21 — INSTRUMENT-TO-TRUNK CONNECTION 


Emitter Selects 
McMOS Outputs 


[ea 


+15 


All McMCS areas -~-}-- 
Operated From 


+15V Power | > . J 
Supply TA 


McMOS Ouptuts Base Selects 


+15 V 


Disconnect 4.7k 
Enable v 


McMOS Buffer 
2k 


Trunk . 


500 


-15 Volts 


FIGURE 22 — TYPICAL INSTRUMENT TO INSTRUMENT CONNECTION 


+15 V 


Emitter Selects are Active High McMOS Outputs 


500 





500 


cee ery |p Bagi eee: oper 


1k rik 


> -> 


Disconnect Le 
@ 
Enable 


McMOS | . = 


Buffer 


Local or Intercom 
Terminator 


+16 V 


aD ae ee oy Reape pt 


ik 1k 


q q 


Base Selects Are Active 
Low McMOS Outputs 


All McMOS Logic 
Operated From +15V 
Power Supply 


500 
—15V 


MC3416 


current restriction is not a restriction in the design of 
an efficient crosspoint array. Because of the current sink 
terminations, a signal path may use differing numbers of 
crosspoints in any connection or in two sides of the same 
connection further relaxing restrictions in array design. 
Figure 23 demonstrates circuit operation. S1, S2, and 
S3 are open. The Crosspoint SCR’s are off as they have no 
gate drive or dc current path through S1. By closing S2 and 
S3, gate drive is provided, but the SCR’s still remain off as 
there is no dc current path to hold them on. Close S1 and 
the circuit is enabled, but with S2 and S3 off there is still 
no signal path. Closing S2 and S3 with $1 closed — current 
is injected into both gates and they switch on. DC current 
through Ry splits around the center-tapped winding and 
flows through each SCR, back through the lower winding 
and through S1 to ground. If S2 and S3 are opened, that 
current path still remains and the SCRs remain on. If an ac 
signal is injected at either G1 or G2, it will be transmitted 
to the other signal port with negligible loss in the SCR’s. To 
disconnect the ac signal path the SCR‘’s must be com- 
mutated off. By opening $1 the dc current path is inter- 


rupted and the SCR’s switch off. The ac signal path is dis- 
connected. With S1 closed the circuit is enabled and may 
be addressed again from S2 and S3. This circuit demon- 
strates a balanced transmission configuration. The trans- 
mission characteristics of the SCR’s simulate a relay con- 
tact in that the ac signal does not incur a contact voltage 
drop across the crosspoint. The memory characteristics of 
the crosspoint are demonstrated by the selective application 
of $1, S2, and S3. 

The selection of Ry. is governed by the power supply 
voltage and the desired dc current. If 10 mA is to flow 
through each SCR then Ry must pass 20 mA. Thus, | 
(Vcc - VAK)/RL = 20 mA. The selection of Rp is governed 


‘by the characteristics for crosspoint turn on. Adequate 


enable current must be injected into the column select 
and Rp should drop at least 1.5 Volts. The PNP transistor 
has a typical gain of one. Thus, Rp should pass at least 
2 mA to provide 4 mA column select current. 


FIGURE 23— CROSSPOINT OPERATION 
DEMONSTRATION CIRCUIT 


G2 


600 
Vcc 


Column 
Select A 


A2 
Row 
Select W 





$1 


ADDRESSING CONSIDERATIONS 

The MC3416 crosspoint switch is addressed by selecting 
and turning on the PNP transistor that controls the SCR 
pair desired. The drive requirements of the MC3416 can be 
met with standard McMOS outputs. A particular crosspoint 
is addressed by putting a logical ‘’1’’ on the emitter and a 
logical ‘’0’’ on the base of the appropriate transistor. A 
resistor in the base circuit of the transistor is required to 
limit the current and must also drop 1.5 Volts to assure 
forward bias of the two diodes in the collector circuits. 
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[si |sz [ss | Lineconpition | 
[ON | x J OFF] Enabled, Not Connected__| 
LON | OFF| x | Enabled, Not Connected __| 
JON | ON | ON | __ Addressed and Connected _| 
LON |X |x | Gi ConnectedtoG2__ 
OFF] xX [x | Disconnected. 


X = irrelevant 











The gate current required for SCR turn onis 1 mA typically. 
The McMOS one-of-n decoders listed in Table | provide 
both active high and active low outputs and are well suited 
for standard addressing organizations. The major design 
constraint in organizing the addressing structure is that 
any signal path which is to be addressed must create a dc 
path from a source to a sink. If that path requires two 
crosspoints they must be addressed simultaneously. Of 
course, once the path is selected, the addressing hardware 
is free to initiate other signal paths. To meet the dc path 








MC3416 


_ APPLICATIONS INFORMATION (continued) 


requirement, crosspoint arrays should be designed: in blocks 
such that any given dc path requires only one crosspoint 
per block. A signal path, however, may still use two cross. 
points in the same block by sequentially addressing two 
dc paths to the same terminator. For example, the left or 
right pairs of crosspoints in Figure 22 must be addressed 
simultaneously but the left pair may be addressed in 
sequence after addressing the right pair. This is not a 
difficult constraint to meet and it does not coauite unneces- 
sary addressing hardware. 


TABLE | : 
Active High Outputs | Active Low Outputs 

















MC14555 
MC14514 
MC14028 . 


MC14556 
MC14515 


Dual Binary to 1 of 4 
4-bit latch/4 to 16 
BCD to Decimal Decode 







DISCONNECT TECHNIQUES 


Since the crosspoint switch maintains signal paths by 
keeping de currents through active SCR’s, disconnects are 


easily accomplished by interrupting the dc current path. 


This can be done anywhere in the circuit, but if the dis- 


‘connect is done at the terminator then all. signal paths 


established to that terminator are broken simultaneously. 
In both Figures 21 and 22 this is done by turning off the 
current sink circuit with a McMOS buffer gate. MC14049 


- or MC14050 buffers will drive the transistor switch. Once 


a disconnect is completed, the terminator may be re-enabled | 


-and used for another call. Usage of the terminators may be 


easily monitored with optoelectronic couplers in the 
collectors of the current sinks without disturbing trans- 


Mission characteristics. 





See Application Note AN-760 for additional applications suggestions. 


THERMAL INFORMATION 


The maximum power consumption an integrated circuit 
can tolerate at a given operating ambient temperature can 
be found from the equation: 


TJ(max) -TA 

Re JA(T yp) 
Where: PD(Ta) = Power Dissipation allowable at a given 
operating ambient temperature. This must be greater than 


PD(Ta~) = 


2-10 


the sum of the products of the supply voltages and supply 
currents at the worst case operating condition. 


Tica = Maximum Operating Junction Temperature 
as tisted in the Maximum Ratings Section 
- Ta = Maximum Desired Operating Ambient 


Temperature 
Ro yAlTyp) = Typical Thermal Resistance Junction to 
Ambient 








M3417, MC3517 


(AA) et eee nn MC3418, MC3518 





Specifications and Applications 
Information CONTINUOUSLY VARIABLE 
SLOPE DELTA 


MODULATOR/DEMODULATOR 


LASER-TRIMMED 


CONTINUOUSLY VARIABLE SLOPE 
INTEGRATED CIRCUIT 


DELTA MODULATOR/DEMODULATOR 


Providing a simplified approach to digital speech encoding/ 
decoding, the MC3517/18 series of CVSDs is designed for military 
secure communication and commercial telephone applications. 
A single IC provides both encoding and decoding functions. 


@ Encode and Decode Functions on the Same Chip with 
a Digital Input for Selection 


@ Utilization of Compatible 12L — Linear Bipolar Technology 


@ CMOS Compatible Digital Output | 
@ Digital Input Threshold Selectable (VcC/2 reference 
provided on chip) 


MC3417/MC3517 has a 3-Bit Algorithm (General 
Communications) 


MC3418/MC3518 has a 4-Bit Algorithm (Commercial Telephone) 


L SUFFIX 
CERAMIC PACKAGE 
CASE 620 


PIN CONNECTIONS 


Analog 


CVSD BLOCK DIAGRAM Input 


Analog Encode/ 
Feedback Decode 


Syllabic 
Filter 


Encode/ 

Decode 
Gain Digital Data 

Control Input (-) 


Ref Digital 
Input (+) Threshold 


Digital; ¢ 
Data Input 

Digital 72 

Threshold 


Logic ® Coincidence 
Digital — Output 
Output ; ; 
Integrator lone i Syllabic 
ifi » Filter 
Amplifier Aa 


Filter Coincidence 
Input (—) Output. 


Analog —— Vcc/2 
Output 
Digital 


4. Gain Control Output 


Output loc 





Ref Fitter 
Output Input Input 
(+) (-) 


ORDERING INFORMATION 


oa Temperature _ 


MC3417L Ceramic DIP 0°C to +70°C 
MC3418L Ceramic DIP 0°C to +70°C 
MC3517L Ceramic DIP | -55°C to +125°C 
MC3518L Ceramic DIP | -55°C to +125°C 
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MC3417, MC3517, MC3418, MC3518 


MAXIMUM RATINGS» 


(All voltages referenced to Veg, Ta = 25°C unless otherwise noted.) 


Tsvmbor] Valve | Uni 
[0410 18 | Vee | 
vac 
Pvc 


va 
0 F ( 

| ’ Vde 

: Vde 

, Vde 

mA 

















Digital Threshold Voltage 


Logic input Voltage 
(Clock, Digital. Data, Enco 


de/Decode) 














Gain Control Input Voltage VGC -0.4toVcc | Vdc | 
Reference Input Voltage ViiRef) | Voc/2 - 1.0 to Vcc | Vde | 


Vcc/2 Output Current . IRef 


ELECTRICAL CHARACTERISTICS a 
(Voc = 12 V; Veg = Gnd, Ta = 0°C to +70°C for MC3417/18, Ta = -55°C to +125°C for MC3517/18 unless otherwise noted.) | 


MC3417/MC35 17 
| Characteristic Symbol | Min | Typ | Max 


MC3418/MC3518 
Power Supply Voltage Range (Figure 1) | Vccern | 4.75 [ 12 | 
(Voc =5.0V) 


lec 
3.7 
(Vec = 15 V) : 6.0 


Clock Rate Se ee ee 
Gain Control Current Range (Figure 2) 


Analog Comparator Input Range 
(Pins 1 and 2)- — 
(4.75 V <Voec < 165 V) 
Analog Output Range (Pin7) 
(4.75 V < Vcc < 165 V, Iq = + 5.0 mA)| 
Input Bias Currents (Figure 3) 
(Comparator in Active Region) 
Analog Input (11) 
Analog Feedback (12) 
Syllabic Filter Input (13) 
Reference Input (15) 
Input Offset Current eo 
(Comparator in Active Region) 
Analog Input/Analog Feedback 
[11-12] = Figure 3 - 
Integrator Amplifier 
; 115-16] — Figure 4 


“. =-04toVeco - 
Coincidence Output Voltage | V.0(Con)| 0.4 to +18 
Syllabic Filter Input Voltage | Visyty -0.4to Vcc 
) 


























Power Supply Current (Fi 


gure 1) 
(Idle Channel!) Pe og 


























































. Transconductance 
V/\l Converter, 0 to 3.0 mA 
- Integrator Amplifier, 0 to + 5.0 mA Load 
Propagation Delay Times (Note 1) 
_ Clock Trigger to Digital Output . 
_ (Cy = 25 pF to Gnd) 
Clock Trigger to Coincidence Output 
(Cy = 25 pF to Gnd) 
(RL =4kQ to Vcc) 
Coincidence Output Voltage — 
Low Logic State 
(1OL(Con) = 3-0 mA). 
Coincidence Output Leakage Current — 
High-Logic State 
~ (Von = 15.0 V,0°C < Ty < 

























70°C) ~ 
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MC3417, MC3517, MC3418, MC3518 


ELECTRICAL CHARACTERISTICS (continued) 


MC3417/MC3517 MC3418/MC3518 
Characteristic “me Typ | Max | | Max | 
Applied Digital Threshold Voitage Range 
(Pin 12) 


Digital Threshold Input Current 
(12V <Veh < Voc - 2.0 V) 
(Vi_ applied to Pins 13, 14 and 15) 


— 
< 
xo} 


“ | 
oO 





(Vip applied to Pins 13, 14 and 15) 


Maximum Integrator Amplifier Output Current | lo | 5.0 


Vec/2 Generator Maximum Output Current Import +10 a _ 
(Source only) 


Vcc/2 Generator Output Impedance ZRef 3.0 
(0 to +10 mA) 

Vcc/2 Generator Tolerance er 
(4.75 V <Vcc < 165 V) 


Logic Input Voltage (Pins 13, 14 and 15) 


++ 
oO 
° 
3 
> 


| 
on 
So 





| | = E 
: 


ae 
ae 
oi 
+ 
o 
j = 


Vdc r 





Gnd 
Vth + 0. 4 


Low Logic State 
High Logic State 
Dynamic Total Loop Offset Voltage 
(Note 2) — Figures 3, 4 and 5 
Igc = 12.0HA, VCC = 12 V 
Ta = 25°C 
0°C < Ta <+70°C = MC 3417/18 
-55°C < Ta < +125°C mC3517/18 
IGc = 33.0 wA, Voc = 12 V 
Ta = 25°C 
0°C < Ta <+70°C = =©MC3417/18 
~55°C < Ta < +125°C MC3517/18 


Igc = 12.04A, Vcc =5.0V 











3 
< 


ZV offset 


















Ta = 25°C +10 
0°C < Ta <+70°C = MC3417/18 +13 
-55°C < Ta < +125°C mc3517/18 | +25 










Igc = 33.0 vA, Voc = 5.0 V 
Ta = 25°C | 
O°C < Ta <+70°C = MC3417/18 

~55°C < Ta < +125°C MC3517/18 
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Digital Output Voltage 
(lo_ = 3.6 mA) VOL - 0.1 : 
(loH = -0.35 mA) VoH |V¥cc-1.01 Vcc -0.2 Vee -1.01Vcc -0.2 


Syllabic Filter Applied Voltage (Pin 3) Vi(Syl) +3.2 Vcc +3.2 
(Figure 2) 





Integrating Current (Figure 2) 
(Igc = 12.0 uA) 
(Iigc = 1.5 mA) 
~ (Ig¢ = 3.0 mA) 


Dynamic Integrating Current Match | VO(Ave) + 100 + 250 + 250 
(IGc = 1.5 mA) Figure 6 


Input Current — High Logic State 
(Vipy = 18 V) . 
Digital Data Input +5.0 | 
‘Clock Input +5.0 
Encode/Decode Input D5 os +5.0 
Input Current — Low Logic State He 
(Vip = OV) ost 
Digital Data Input | ! 
Clock Input 
Encode/Decode Input 
Clock Input, Vj, =0.4V 


NOTE 2. Dynamic total loop offset (2Voffset) equals Vig (comparator) (Figure 3) minus Vigx (Figure 5). The input offset voltages of the 
analog comparator and of the integrator amplifier include the effects of input offset current through the input resistors. The slope 
polarity switch current mismatch appears as an average voltage across the 10 k integrator resistor. For the MC3417/MC3517, the 
clock frequency is 16.0 kHz. For the MC3418/MC3518, the clock frequency is 32.0 kHz. Idle channel performance is guaranteed if 
this dynamic total loop offset is less than one-half of the change in integrator output voltage during one clock cycle (ramp step size). 
Laser trimming is used to insure good idle channel performance. 
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DEFINITIONS AND FUNCTION OF PINS 


Pin 1 — Analog Input 

This is the analog comparator inverting input where 
the voice signal is applied. It may be ac or dc coupled 
depending on the application. If the voice signal is to be 
level shifted to the internal reference voltage, then a bias 
resistor between pins 1 and 10 is used. The resistor 
is used to establish the reference as the new dc average of 
the ac coupled signal. The analog comparator was designed 
for low hysteresis (typically less than 0: 1 mV) and high 
gain (typically 70 dB). 


Pin 2 — Analog Feedback 

This is the non-inverting input to the analog signal 
comparator within the IC. In an encoder application it 
should be connected to the analog output of the encoder 
circuit. This may be pin 7 or a low pass filter output 
connected to pin 7. In a decode circuit pin 2 is not used 
and may be tied to V¢¢/2 on pin 10, ground or left open. 

The analog input comparator has bias currents of 
1.5 uA max, thus the driving impedances of pins 1 and 2 
should be equal to avoid disturbing the idle channel 
characteristics of the encoder. 


Pin 3 — Syllabic Filter 

This is the point at which the syllabic filter voltage is 
returned to the IC in order to control the integrator step 
size. It is an NPN input to an op amp. The syllabic filter 
consists of an RC network between pins 11 and 3. Typical 
time constant values of 6 ms to 50 ms are used in voice 
codecs. 


Pin 4 — Gain Control Input 

The syllabic filter voltage appears across Cs of the 
syllabic filter and is the voltage between Vcc and pin 3. 
The active voltage to current (V-I) converter drives 
pin 4 to the same voltage at a slew rate of typically 
0.5 V/us. Thus the current injected into pin 4 (IGc) 
is the syllabic filter voltage divided by the Rx resistance. 
Figure 6 shows the relationship between IGc (x-axis) and 
the integrating current, lint (y-axis). The discrepancy, 
which is most significant at very low currents, is due to 
circuitry within the slope polarity switch which enables 
trimming to a low total loop offset. The Rx resistor is 
then varied to adjust the loop gain of the codec, but 
should be no larger than 5.0 kQ to maintain stability. 


Pin 5 — Reference Input 


This pin is the non-inverting input of the integrator 


amplifier. It is used to reference the dc level of the output 


signal. In an encoder circuit it must reference the same 


voltage as pin 1 and is tied to pin 10. 


Pin 6 — Filter Input 
This inverting op amp input is "used to connect the 
integrator external components. The integrating current 


‘(IInt) flows into pin 6 when the analog input (pin 1) is 


high with respect to the analog feedback (pin 2) in the 
encode mode or when the digital data input (pin 13) is 
high in the decode mode. For the opposite states, Int 
flows out of Pin 6. Single integration systems require a 
capacitor and resistor between pins 6 and 7. Multipole 
configurations will have different circuitry. The resistance 
between pins 6 and 7 should always be between 8 k{2 and 
13 kQ to maintain good idle channel characteristics. 


Pin 7 — Analog Output 

' This is the integrator op amp output. It is capable of 
driving a 600-ohm load referenced to Vcc/2 to +6 dBm 
and can otherwise be treated as an op amp output. Pins 5, 
6, and 7 provide full access to the integrator op amp 
for designing integration filter networks. The slew rate 
of the internally compensated integrator op amp is 
typically 0.5 V/us. Pin 7 output is current limited for 
both polarities of current flow at typically 30 mA. 


Pin8 — VEE 

The circuit is designed to work in either single or dual 
power supply applications. Pin 8 is always connected to 
the most negative supply. 


Pin 9 — Digital Output 

The digital output provides the results of the delta 
modulator’s conversion. It swings between Vcc and 
VEE and is CMOS or TTL compatible. Pin 9 is inverting 
with respect to pin 1 and non-inverting with respect 
to pin 2. It is clocked on the falling edge of pin 14. 


The typical 10% to 90% rise and fall times are 250 ns and 


50 ns respectively for Vcc = 12 V and cL = 25 pF 
to ground. 


Pin 10 — Vcc/2 Output _ 

An internal low impedance mid-supply reference is 
provided for use of the MC3417/18 in single supply 
applications. The internal regulator is a current source 
and must be loaded with a resistor to insure its sinking 
capability. If a +6 dBmo signal is expected across a 
600 ohm input bias resistor, then pin 10 must sink 
2.2 V/600 22 = 3.66 mA. This is only possible if pin 10 
sources 3.66 mA into a resistor normally and will source 
only the difference under peak load. The reference load 
resistor is chosen accordingly. A 0.1 uF. bypass capacitor 
from pin 10 to VEE is also recommended. The Vcc/2 
reference is capable of sourcing 10 mA and can be used 
as a reference elsewhere in the system circuitry. 


Pin 11 — Coincidence Output 

The duty cycle of this pin is proportional to the 
voltage across Cs. The coincidence output will be low 
whenever the content of the internal shift register is all 
1s or all Os. In the MC3417 the register is 3 bits long 
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DEFINITIONS AND FUNCTIONS OF PINS (continued) 


while the MC3418 contains a 4 bit register. Pin 11 is an 
open collector of an NPN device and requires a pull-up 
resistor. If the syllabic filter is to have equal charge and 
discharge time constants, the value of Rp should be 
much less than Rs. In systems requiring different charge 
and discharge constants, the charging constant is RsCs 
while the decaying constant is (Rs + Rp)Cs. Thus longer 
decays are easily achievable. The NPN device should not 
be required to sink more than 3 mA in any configuration. 
The typical 10% to 90% rise and fall times are 200 ns and 
100 ns respectively for RL = 4 kQ to +12 V and CL = 
25 pF to ground. 


Pin 12 — Digital Threshold 

' This input sets the switching threshold for pins 13, 14, 
and 15. It is intended to aid in interfacing different logic 
families without external parts. Often it is connected to 
the Vcc/2 reference for CMOS interface or can be biased 
two diode drops above VEE for TTL interface. 


Pin 13 — Digital Data Input 

In a decode application, the digital data stream is 
applied to pin 13. In an encoder it may be unused or may 
be used to transmit signaling message under the con- 
trol of pin 15. It is an inverting input with respect to 
pin 9. When pins 9 and 13 are connected, a toggle 
flip-flop is formed and a forced idle channel pattern 


FIGURE 1 — POWER SUPPLY CURRENT 


MC3517 


MC3518 





can be transmitted. The digital data input level should be 
maintained for 0.5 us before and after the clock trigger 
for proper clocking. 


Pin 14 — Clock Input 

The clock input determines the data rate of the codec 
circuit. A 32K bit rate requires a 32 kHz clock. The 
switching threshold of the clock input is set by pin 12. 
The shift register circuit toggles on the falling edge of the 
clock input. The minimum width for a positive-going 
pulse on the clock input is 300 ns, whereas for a negative- 
going pulse, it is 900 ns. 


Pin 15 — Encode/Decode 

This pin controls the connection of the analog input 
comparator and the digital input comparator to the 
internal shift register. If high, the result of the analog 
comparison will be clocked into the register on the 
falling edge at pin 14. If low, the digital input state will be 
entered. This allows use of the IC as an encoder/decoder 
or simplex codec without external parts. Furthermore, it 
allows non-voice patterns to be forced onto the trans- 
mission line through pin 13 in an encoder. . 


Pin 16 —Vcc 
The power supply range is from 4.75 to 16.5 volts 
between pin Vcc and VEE. 


FIGURE 2 — Igor, GAIN CONTROL RANGE and 
lint — INTEGRATING CURRENT 


CvsD , Digital 
MC3517 Data Input 


MC3518 


0.1 WF 
Digital 
Output 


= 


Note: Digital Output = Digital Data Input . 


“For static testing, the clock is only necessary for 
preconditioning to obtain proper state for a given input. 
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FIGURE 3 — INPUT BIAS CURRENTS, ANALOG 
COMPARATOR OFFSET VOLTAGE AND CURRENT 





Vv 1O(comparator) 
“+06 


CVSD 
MC3517 
MC3518 


Note: The analog comparator offset voltage is tested 
under dynamic conditions and therefore: must 
be measured with appropriate filtering. 


FIGURE 5 — V/I CONVERTER OFFSET VOLTAGE, . 
Vio and Viox 


*32 kHz MC3418/MC3518 
16 kHz MC3417/MC3517 


CVSD 
MC3517 
MC3518 


Viox 
(Integrator 
Amplifier 
Offset 
Voltage 
plus Slope 
Polarity 
Switch 
Mismatch) . 


Note: Viox is the average voltage of the triangular 
waveform observed at the measurement points. 
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_ FIGURE 4 — INTEGRATOR AMPLIFIER OFFSET 
. VOLTAGE AND CURRENT 


cvsp 
4 mc3517 
MC3518 ; 


(Integrator 
Amplifier 
Offset 
Voltage) 


_~ 





FIGURE 6 — DYNAMIC INTEGRATING CURRENT MATCH 


CVSD 
MC3517 
MC3518 | 


Vo(AVv) 
(Note 1) 


*32 kHz MC3418/MC3518 
16 KHz.MC3417/MC3517 
Notes: 1. Vol(AV): Dynamic !ntegrating Current Match, 
is the average voitage of the triangular wave- 
form observed at the measurement points, 
across 10 k{2 resistor with |Gc = 1.5 mA. 
2. See Note 2 of the Electrical Characteristics, 
page 3. 
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TYPICAL PERFORMANCE CURVES 


FIGURE 8 — NORMALIZED DYNAMIC 





FIGURE 7 — TYPICAL lint versus igc (Mean + 20) INTEGRATING CURRENT MATCH versus Vcc 
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(See Figure 6, 
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FIGURE 11 — BLOCK DIAGRAM OF THE CVSD ENCODER 
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- FIGURE 12 — CVSD WAVEFORMS 


integrator Output 
(Reconstructed Audio) 





FIGURE 13 — BLOCK DIAGRAM OF THE CVSD DECODER 
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FIGURE 14 — 16 kHz SIMPLEX VOICE CODEC 
(Using MC3417, Single Pole Companding and Single Integration) 
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CIRCUIT DESCRIPTION 


The continuously variable slope delta modulator 
(CVSD) is a simple alternative to more complex conven- 
tional conversion techniques in systems requiring digital 
communication of analog signals. The human voice is 
analog, but digital transmission of any signal over great 
distance is attractive. Signal/noise ratios do not vary with 
distance in digital transmission and multiplexing, 
switching and repeating hardware is more economical and 
easier to design. However, instrumentation A to D con- 
verters do not meet the communications requirements. 
The CVSD A to D is well suited to the requirements of 
digital communications and is an economically efficient 
means of digitizing analog inputs for transmission. 


The Delta Modulator 

The innermost control loop of a CVSD converter is 
a simple delta modulator. A block diagram CVSD Encoder 
is shown in Figure 11. A delta modulator consists of a 
comparator in the forward path and an integrator in 
the feedback path of a simple control loop. The inputs 
to the comparator are the input analog signal and the 
integrator output. The comparator output reflects the 
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sign of the difference between the input voltage and 
the integrator output. That sign bit is the digital output 
and also controls the direction of ramp in the integrator. 
The comparator is normally clocked so as to produce 
a synchronous and band limited digital bit stream. 

If the clocked serial bit stream is transmitted, 
received, and delivered to a similar integrator at a remote 
point, the remote integrator output is a copy of the 
transmitting control loop integrator output. To the 
extent that the integrator at the transmitting locations 
tracks the input signal, the remote receiver reproduces 
the input signal. Low pass filtering at the receiver output 
will eliminate most of the quantizing noise, if the clock 
rate of the bit stream is an octave or more above the 
bandwidth of the input signal. Voice bandwidth is 4 kHz 
and clock rates from 8-k and up are possible. Thus the 
delta modulator digitizes and transmits the analog input 
to a remote receiver. The serial, unframed nature of the 
data is ideal for communications networks. With no 
input at the transmitter, a continuous one zero alternation 
is transmitted. If the two integrators are made leaky, then 
during any loss of contact the receiver output decays to 
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CIRCUIT DESCRIPTION (continued) 


zero and receive restart begins without framing when the ~ 


receiver reacquires. Similarly a delta modulator is tolerant 
of sporadic bit errors. Figure 12 shows the delta modu- 
lator waveforms while Figure 13 shows the corresponding 
CVSD decoder block diagram. 


The Companding Algorithm 
The fundamental advantages of the delta modulator 
are its simplicity and the serial format of its output. 


Its limitations are its ability to accurately convert the | 
input within a limited digital bit rate. The analog input — 


must be band limited and amplitude limited. The fre- 
quency limitations are governed by the nyquist rate while 


the amplitude capabilities are set by the gain of the 


integrator. 

The frequency limits are bounded on the upper end; 
that is, for any input bandwidth there exists a clock 
frequency larger than that bandwidth which will trans- 
mit the signal with a specific noise level. However, the 
amplitude limits are bounded on both upper and lower 
ends. For a signal level, one specific gain will achieve an 
optimum noise level. Unfortunately, the basic delta 
modulator has a small dynamic range over which the 
noise level is constant. . 

The continuously variable slope circuitry provides 
increased dynamic range by adjusting the gain of the 
integrator. For a given clock frequency and input 
bandwidth the additional circuitry increases the delta 
modulator’s dynamic range. External to the basic 
delta modulator is an algorithm which monitors the 
past few outputs of the delta modulator in a simple 
shift register. The register is 3 or 4 bits long depending on 
the application. The accepted CVSD algorithm simply 
monitors the contents of the shift register and indicates 


if it contains all 1s or Os. This condition is called coinci- 
dence. When it occurs, it indicates that the gain of the 
integrator is too small. The coincidence output charges 
a single pole low pass filter. The voltage output of this 
syllabic filter controls the integrator gain through a pulse 
amplitude modulator whose other input is the sign bit 
or up/down control. 

The simplicity of the all ones, all zeros algorithm 
should not be taken lightly. Many other control algo- 
rithms using the shift register have been tried. The key to 
the accepted algorithm is that it provides a measure of. 
the average power or level of the input signal. Other 
techniques provide more instantaneous information 
about the shape of the input curve. The purpose of . 
the algorithm is to control the gain of the integrator 
and to increase the dynamic range. Thus a measure of 
the average input level is what is needed. 

The algorithm is repeated in the receiver and thus 
the level data is recovered in the receiver. Because the 
algorithm only operates on the past serial data, it changes 
the nature of the bit stream without changing the channel 
bit rate. 

The effect of the algorithm is to compand the input 
signal. If a CVSD encoder is played into a basic delta 
modulator, the output of the delta modulator will reflect. 
the shape of the input signal but all of the output will 
be at an equal level. Thus the algorithm at the output is 
needed to restore the level variations. The bit stream 
in the channel is as if it were from a standard delta modu- 
lator with a constant level input. 

The delta modulator encoder with the CVSD algorithm 
provides an efficient method for digitizing a voice input 
in a manner which is especially convenient for digital 
communciations requirements. 


APPLICATIONS INFORMATION 
CVSD DESIGN CONSIDERATIONS 


A simple CVSD encoder using the MC3417 or MC3418 
is shown in Figure 14. These ICs are general purpose 
CVSD building blocks which allow the system designer 
to tailor the encoder’s transmission characteristics to the 
application. Thus, the achievable transmission capabilities 
are constrained by the fundamental limitations of delta 
modulation and the design of encoder parameters. The 
performance is not dictated by the internal configuration 
of the MC3417 and MC3418. There are seven design 
considerations involved in designing these basic CVSD 
building blocks into a specific codec application. 


These are listed below: 
1. Selection of clock rate 
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. Required number of shift register bits 

. Selection of loop gain 

. Selection of minimum step size 

. Design of integration filter transfer function 
. Design of syllabic filter transfer function 

. Design of low pass filter at the receiver 
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The circuit in Figure 14 is the most basic CVSD circuit 
possible. For many applications in secure radio or other 
intelligible voice channel requirements, it is entirely 
sufficient. In this circuit, items 5 and 6 are reduced to 
their simplest form. The syllabic and integration filters 
are both single pole networks. The selection of items 
1 through 4 govern the codec performance. 


Lo-¢ 


CVSD CIRCUIT SCHEMATIC 
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CVSD DESIGN CONSIDERATIONS (continued) 


Layout Considerations 


Care should be exercised to isolate all digital signal 
paths (pins 9, 11, 13, and 14) from analog signal paths 
(pins 1-7 and 10) in order to achieve proper idle channel 
performance. 


Clock Rate | 

With minor modifications the circuit in Figure 14 
may be operated anywhere from 9.6 kHz to 64 kHz 
clock rates. Obviously the higher the clock rate the higher 
the S/N performance. The circuit in Figure 14 typically 
produces the S/N performance shown in Figure 15. 
The selection of clock rate is usually dictated by the 
bandwidth of the transmission medium. Voice band- 
width systems will require no. higher than 9600 Hz. 
Some radio systems will allow 12 kHz. Private 4-wire 
telephone systems are often operated at 16 kHz and 
commercial telephone. performance can be achieved 
at 32K bits and above. Other codecs may use bit rates 
up to 200K bits/sec. 


FIGURE 15 — SIGNAL-TO-NOISE PERFORMANCE 
OF MC3417 WITH SINGLE INTEGRATION, SINGLE-POLE 
“AND COMPANDING AT 16K BITS — TYPICAL 


S/N (dB) 








"240 =30 | -20 ~10 10 
INPUT LEVEL (dB) RELATIVE TO SLOPE OVERLOAD 


Shift Register Length (Algorithm) | 
The MC3417 has a three-bit algorithm and the Mc3418 
has a four-bit algorithm. For clock rates of 16 kHz and 


below, the 3-bit algorithm is well suited. For 32 kHz | 
and higher clock rates, the 4-bit system is preferred. 
Since the algorithm records a fixed past history of the 


input signal, a longer shift register is required to obtain 


the same internal hsitory. At 16 bits and below, the Pe 
4-bit algorithm will produce a slightly wider dynamic 


range at the expense of level change response. Basically 


the MC3417 is designed for low bit rate systems and the _ 


MC3418 is intended for high performance, high bit rate 
system. At bit rates above 64K. bits either part will 
work well. 


Selection of Loop Gain 

The gain of the circuit in Figure 14 is set by resistor 
Rx. Rx must be selected to provide the proper integrator 
step size for high level signals such that the companding 
ratio does not exceed about 25%. The companding ratio 
is: the active low duty cycle of the coincidence output on 
pin 11 of the codec circuit. Thus the system gain is 
dependent on: 

1. The maximum level and “frequency of the input 

signal. 
2. The transfer function of the integration filter. 


For voice codecs the typical input signal is taken to be 
a sine wave at 1 kHz of 0 dBmo level. In practice, the 
useful dynamic range extends about 6 dB above the design 
level. In any system the companding ratio should not 
exceed 30%. | 

To calculate the required step size current, we must 
describe the transfer characteristics of the integration 
filter. In the basic circuit of Figure 14, a single pole of 
160 Hz is used. 

| R= 10k, C=0.1 uF 
en See are 
lj C(S+1/RC) S+wo 
Wo = anf 
103 = wo = Qn 
f = 159.2 Hz 


Note that the integration filter produces a single-pole 
response from 300 to 3 kHz. The current required to 





‘move the integrator output a specific voltage from zero 
~ is simply: 


Vo i CqVo 
R dt 


Now a0 dBmo sine wave has a peak value of 1.0954 
volts. In 1/8 of a cycle of a sine wave centered around 
the zero crossing, the sine wave changes by approximately 
its peak value. The CVSD step should trace that change. 


‘The required current for aQ dBm 1 kHz sine wave is: 


pe IV 0.1 MF (1.1) 
'  *2(10kQ) 0.125 ms 


*The maximum voltage across RI when maximum 
slew is required is: 


= 0.935 mA 


1.1V 
2 


Now the voltage range of the syllabic filter is the 
power supply voltage, thus: 


4 
0.935. mA 


A similar procedure can be followed to establish the 
proper gain for any input level and integration filter type. 


Rx = 0. 26(Vcc) 
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‘CVSD DESIGN CONSIDERATIONS (continued) 


Minimum Step Size 

The final parameter to be selected for the simple codec 
in Figure 14 is idle channel step size. With no input signal, 
the digital output becomes a one-zero alternating pattern 
and the analog output becomes a small triangle wave. 
Mismatches of internal currents and offsets limit the 
minimum step size which will produce a perfect idle 
channel pattern. The MC3417 is tested to ensure that 
a 20 mVp-p minimum step size at 16 kHz will attain a 
proper idle channel. The idle channel step size must be 
twice the specified total loop offset if a one-zero idle 
pattern is desired. In some applications a much smaller 
minimum step size (e.g., 0.1 mV) can produce quiet 
performance without providing a 1-0 pattern. 

To set the idle channel step size, the value of Rmin 
must be selected. With no input signal, the slope control 
algorithm is inactive. A long series of ones or zeros never 
occurs. Thus, the voltage across the syllabic filter capaci- 
tor (Cs) would decay to zero. However, the voltage 
divider of Rg and Rmin (see Figure 14) sets the minimum 
allowed voltage across the syllabic filter capacitor. That 
voltage must produce the desired ramps at the analog 
output. Again we write the filter input current equation: 


For values of Vo near Vcoc/2 the Vo/R term is negli- 


gible; thus 
AVo 


AT 


where AT is the clock period and AVo is the desired 

peak-to-peak value of the idle output. For a 16K-bit 

system using the circuit in Figure 14 
je QB 20 mV _ 
62.5 us 

The voltage on Cg which produces a 33 MA current is 

determined by the value of Rx. 


{Rx = Vsmin; for 33 uA, Vgmin = 41.6 mV 
In Figure 14 Rg is 18 kQ2. That selection is discussed - 


with the syllabic filter considerations. The voltage divider 
of Rs and Rmjn Must produce an output of 41.6 mV. 


j= Cs 


33 UA 


Rs 


eerererssi Sarna Rmin = 2.4 MQ 
Rs + Rmin mm 


Vcc = VSmin 


Having established these four parameters — clock rate, 
number of shift register bits, loop gain and minimum 
step size — the encoder circuit in Figure 14 will function 


at near optimum performance for input levels around 
0 dBm. 


INCREASING CVSD PERFORMANCE 


Integration Filter Design 

The circuit in Figure 14 uses a single-pole integration 
network formed with a 0.1 uF capacitor and a 10 kQ2 
resistor. It is possible to improve the performance of the 
circuit in Figure 14 by 1 or 2 dB by using a two-pole 
integration network. The improved circuit is shown. 

The first pole is still placed below 300 Hz to provide 
the 1/S voice content curve and a second pole is placed 
somewhere above the 1 kHz frequency. For telephony 
circuits, the second pole can be placed above 1.8 kHz 
_ to exceed the 1633 touchtone frequency. In other com- 
munication systems, values as low as 1 kHz may be 
selected. In general, the lower in frequency the second 
pole is placed, the greater the noise improvement. Then, 
to ensure the encoder loop stability, a zero is added to 
keep the phase shift less than 180°. This zero should 
be placed slightly above the low-pass output filter break 
frequency so as not to reduce the effectiveness of the 
second pole. A network of 235 Hz, 2 kHz and 5.2 kHz 
is typical for telephone applications while 160 Hz, 
1.2 kHz and 2.8 kHz might be used in voice only channels. 
(Voice only channels can use an output low-pass filter 
which breaks at about 2.5 kHz.) The two-pole network 
in Figure 16 has a transfer function of: | 
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Las st) 7 
li RaCo(Ro + Ry) (Ss + ——L—_|s +(_1_ 
(Ro + Ry)Cy R2C2 


FIGURE 16 — IMPROVED FILTER CONFIGURATION 


1 
RoR1{(S + —— 
Vo : ( 


.Analog Output O 





These component values are for the telephone channel circuit 
poles described in the text. The R2, C2 product can be provided 
with different values of R and C. R2 should be chosen to be equal 
to the termination resistor on pin 1. 
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INCR EASING cvsp PERFORMANCE (continued) 


Thus the two poles and the zero can be selected arbitrarily 
as long as the zero is at a higher frequency than the first 
pole. The values in Figure 16 represent one implementa- 
tion of the telephony filter requirement. 

The selection of. the two-pole filter network effects 
the selection of the loop gain value and the minimum step 
size resistor. The required integrator current for a awe 
change i in voltage now becomes: . 





i Ro “Ro Ro Var AT 
| RACH R9C3\ AVo2 
fees tne {n2 2) ve ’ 

Ro AT2 


The calculation of desired gain resistor Rx then proceeds 
exactly as previously described. 


Syllabic Filter Design 

The syllabic filter in Figure 14 is a simple single-pole 
network of 18 kQ2 and 0.33 uF. This produces a 6.0 ms 
time constant for the averaging of the coincidence output 
signal. The voltage across the capacitor determines the 
integrator current which in turn establishes the step size. 
The integrator current and the resulting step size deter- 
mine the companding ratio and the S/N performance. 
The companding ratio is defined as the voltage across 
Cs/Vcc. 

The S/N performance may be improved by modifying 
the voltage to current transformation produced by Rx. 
If different portions of the total Rx are shunted by diodes, 
the integrator current can be other than (Vcc - Vs)/Rx. 
These breakpoint curves must be designed experimentally 
for the particular system application. In general, one 
would wish that the current would double with input 
level. To design the desired curve, supply current to pin 4 
of the codec from an external source. Input a signal 
level and adjust the current until the S/N performance 


is optimum. Then record the syllabic filter voltage and 
the current. Repeat this for all desired signal levels. 
Then derive the resistor. diode network which produces 
that curve on a curve tracer. 

Once the network is ‘designed with the curve tracer, 
it is then inserted: in place of Ry in the circuit and the 
forced optimum noise performance will be achieved 
from the active syllabic algorithm. | 

Diode breakpoint networks may be very simple or 
moderately complex and can improve the usable dynamic 
range of any codec. In the past they have been used in 
high performance telephone codecs. 

Typical resistor-diode networks are shown in n Figure 17. 


FIGURE 17 — RESISTOR-DIODE NETWORKS 





If the performance of more complex diode networks 
is desired, the circuit in Figure 18 should be used. It 
simulates the companding characteristics of nonlinear 
Ry elements in a different manner. 


Output Low Pass Filter 

A low pass filter is required at the receiving circuit 
output to eliminate quantizing noise. In general, the lower 
the bit rate, the better the filter must be. The filter in 
Figure 20 provides excellent performance for 12 kHz 
to 40 kHz systems. 


TECErHONS CARRIER QUALITY CODEC USING MC3418 


Two specifications of the idtegrated circuit are speci- 
fically intended ‘to meet the performance requirements 


of commercial telephone systems. First, slope polarity: 


switch current matching is laser trimmed to guarantee 


proper idle channel performance with 5 mV minimum 


step size and a typical 1% current match from 15 wA 
to 3 mA. Thus a 300 to 1 range of step size variation is 
possible. Second, the MC3418 provides the four-bit 
algorithm currently used in subscriber loop telephone 
systems. With these specifications and the circuit of Fig- 
ure 18, a telephone quality codec can be mass produced. 
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The circuit in Figure 18 provides a 30 dB S/Nc ratio 
over 50 dB of dynamic range for a 1 kHz test tone at 
a 37.7K bit rate. At 37.7K bits, 40 voice channels may 
be multiplexed on a standard 1.544 megabit T1 facility. 
This codec has also been tested for 10-7 error rates with 
asynchronous and synchronous data up to 2400 baud 
and for reliable performance with DTMF signaling. Thus, 
the design is applicable in telephone quality subscriber 
loop carrier systems, subscriber loop concentrators and 
small PABX installations. 
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TELEPHONE CARRIER QUALITY CODEC USING MC3418 (continued) 


The Active Companding Network 

The unique feature of the codec in Figure 18 is the 
step size control circuit which uses a companding ratio 
reference, the present step size, and the present syllabic 
filter output to establish the optimum companding 
ratios and step sizes for any given input level. The com- 
panding ratio of a CVSD codec is defined as the duty 
cycle of the coincidence output. It is the parameter 
measured by the syllabic filter and is the voltage across 
Cs divided by the voltage swing of the coincidence output. 
In Figure 18, the voltage swing of pin 11 is 6 volts. The 
operating companding ratio is analoged by the voltage 
between pins 10 and 4 by means of the virtual short 
across pins 3 and 4 of the V to ! op amp within the inte- 
grated circuit. Thus, the instantaneous companding 
tatio of the codec is always available at the negative 
input of Al. 

The diode D1 and the gain of Al and A2 provide 
a companding ratio reference for any input level. If 
the output of A2 is more than 0.7 volts below Vcc/2, 
then the positive input of Al is (Vcc/2 - 0.7). The on 
diode drop at the input of Al represents a 12% com- 
panding ratio (12% = 0.7 V/6 V). 

The present step size of the operating codec is directly 


related to the voltage across Rx, which established the 
integrator current. In Figure 18, the voltage across Rx is 
amplified by the differential amplifier A2 whose output 
is Single ended with respect to pin 10 of the IC. 

For large signal inputs, the step size is large and the 
output of A2 is lower than 0.7 volts. Thus D1 is fully on. 
The present step size is not a factor in the step size 
control. However, the difference between 12% comp- 
panding ratio and the instantaneous companding ratio at 
pin 4 is amplified by A1. The output of Al changes the 
voltage across Ry in a direction which reduces the dif- 
ference between the companding reference and the 
operating ratio by changing the step size. The ratio of 
R4 and R3 determines how closely the voltage at pin 4 
will be forced to 12%. The selection of R3 and R4 is 
initially experimental. However, the resulting companding 
control is dependent on Rx, R3, R4, and the full diode 
drop D1. These values are easy to reproduce from codec 
to codec. 

For small input levels, the companding ratio reference 
becomes the output of A2 rather than the diode drop. 
The operating companding ratio on pin 4 is then compared 
to a companding ratio smaller than 12% which is deter- 
mined by the voltage drop across Rx and the gain of A2 


FIGURE 18 — TELEPHONE QUALITY DELTAMOD CODER 
(Both double integration and active companding control are used to obtain improved CVSD performance. 
Laser trimming of the integrated circuit provides reliable idle channel and step size range characteristics.) . 


Voice/Non-Voice 
SELECT 


Non-Voice 
Input 


(Digital 


Clock 


Input 
37.7 kHz Q 





2-25 


Digital 
Output 


9 37.7 Bits (Vec/2) 


Al, A2, 
MC1458 
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TELEPHONE CARRIER QUALITY CODEC USING MC3418 (continued) 


FIGURE 19 — SIGNAL-TO-NOISE PERFORMANCE and A1. The gain of A2 is also experimentally determined, 
AND FREQUENCY RESPONSE but once determined, the circuitry is easily repeated. 
stows ma!tne impcoveriant feelieen mitt With no input signal, the compandin ratio at pin 4 
' "the circuit in Figure 18.) a ne P g P 
goes to zero and the voltage across Rx goes to zero. The 
voltage at the output of A2 becomes zero since there is 
no drop across Rx. With no signal input, the actively. 
controlled step size vanished. 
The minimum step size is established by the 500 k 
resistor between Vcc and Vcc/2 and is therefore inde- 
pendently selectable. . _ | 
50 dB ———_——_ The signal to noise results of the active companding . 
4BITALGORITHM | network are shown in Figure 19. A smooth 2 dB drop is 
37.7K BITS realized from +12 dBm to -—24 under the control of Al. 
1 kHz TEST TONE : etd : 
C MESSAGE WEIGHT At -24 dBm, A2 begins to degenerate the companding 
reference and the resulting step size is reduced so as to 
extend the dynamic range of the codec by 20 dBm. 
The slope overload characteristic is also shown. The 
active companding network produces improved perfor- 
mance with frequency. The 0 dBm slope overload point is 
raised to 4.8 kHz because of the gain available in control- 


SIGNAL-TO-NOISE PERFORMANCE OF TELEPHONY 
© QUALITY DELTAMODULATOR 





SIGNAL TO NOISE INdB | 





-48 -36 -24 ~12 fe) 12 
INPUT LEVEL IN dBmo __ ling the voltage across Rx. The curves demonstrate that 
b. FREQUENCY RESPONSE versus INPUT LEVEL the level linearity has been maintained or improved.” — 
(SLOPE OVERLOAD CHARACTERISTIC) = » The codec in Figure 18 is designed specifically for 


37.7K bit systems. However, the benefits of the active 
SastiNeusT companding network are not limited to high bit rate 


systems. By modifying the crossover region (changing 

the gain of A2), the active technique may be used to 
improve the performance of lower bit rate systems. 

. . The performance and repeatability of the codec in 

Figure 18 represents a significant step forward in the art 


4 BIT ALGORITHM and cost of CVSD codec designs. 
37.7 K BITS 





OUTPUT LEVEL IN dBm 


*A larger value for C2 is required in the decoder circuit 
than in the encoder to adjust the level linearity with 
frequency. In Figure 18, 0.050 uF would work well. 





0 2kHz 4kHz2 GkH2z 8BkHz 10 kHz 
INPUT FREQUENCY IN Hz 


FIGURE 20 — HIGH PERFORMANCE ELLIPTIC FILTER FOR CVSD OUTPUT 


87.6 k 175 k 


C3 C4 
157 pF 78 pF 


Designed for 0.28 dB ripple in the pass band 
Wry = 3 kHz 
Ws = =6 kHz 
AdB at we, and above 29.5 dB 
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FIGURE 21 — FULL DUPLEX/32K BIT CVSD VOICE CODEC USING MC3517/18 AND MC3503/6 OP AMP 


Digital Output 
Force Idle 


Channel " 
15 9 +5V 
C2 





MC3417 
or 
MC3418 


Rx 4 


Clock 


Analog Output 






Digital 
Test 


MC3417 
or 
MC3418 






Rs2 


C8 R8 
s ae 
tn Digital Input 
= e 
Codec Components Input Filter Specifications Filter Components 
Rx 1, Rxg- 3.3 kQ 12 dB/Octave Rolloff above 3.3 kHz R1 — 965 2 C1 — 3.3 we 
Rpz, Rpg — 3.3 kQ 6 dB/Octave Rolloff below 50 Hz R2— 72 kQ C2 — 837 pF 
Rsj. Rg2 — 100 kQ2 R3 — 72 kQ C3 — 536 pF 
Riqy, Rig — 20k. Output Filter Specifications R4 — 63.46 kQ C4 — 1000 pF 
Ry2 -— 1 kQ Break Frequency — 3.3 kHz R5 — 127 kQ C5 — 222 pF 
Rui, Ru2-5 MQ (MC3417) Stop Band — 9 kHz R6 — 365.5 kQ C6 — 77 pF 
Minimum step size = 20 mV Stop Band Atten. — 50dB R7 — 1.645 MQ C7 — 38 pF 
Rui Ru2 — 15 MQ (MC3418) Rolloff — > 40 dB/Octave R8 — 72 kQ C8 — 837 pF 
Minimum step size = 6 mV R9 — 72 kQ C9 — 536 pF 


R10 — 29.5 kQ 


Cs1, Cg2 — 0.05 uF R11—72kQ 


C11, Cy2 — 0.05 uF 


2 MC3417 (or MC3418) 
1 MC3403 (or MC3406) 


Note: All Res. 5% 
All Cap. 5% 


Note: All Res. 0.1% to 1%. 
All Cap. 1.0% 
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COMPARATIVE CODEC PERFORMANCE SAS 

The salient feature of CVSD codecs using the MC3517 
and MC3518 family is versatility. The range of codec 
complexity tradeoffs and bit rate is so wide that one 
cannot grasp the interdependency of parameters for 
voice applications in a few pages. 

Design of a specific codec must be tailored to the 
digital channel bandwidth, the analog bandwidth, the 
quality of signal transmission required and the cost 
objectives. To illustrate the choices available, the data in 
Figure 22 compares the signal-to-noise ratios and dynamic 
range of various codec design options at 32K bits. 
Generally, the relative merits of each design feature will 
remain intact in any application. Lowering the bit rate 
will reduce the dynamic range and noise performance 
of all techniques. As the bit rate is increased, the overall 
performance of each technique will improve and the need 
for more complex designs diminishes. 

Non-voice applications of the MC3517 and MC3518 
are also possible. In those cases, the signal bandwidth 
and amplitude characteristics must be defined before 
the specification of codec parameters can begin. How- 
ever, in general, the design can proceed along the lines of 
the voice applications shown here, taking into account the 
different signal bandwidth requirements. 


FIGURE 22 — COMPARATIVE CODEC PERFORMANCE — 
SIGNAL-TO-NOISE RATIO FOR 1 kHz TEST TONE 


S+N/N C MESSAGE (dB) 





-45 -40 -35 -30 -25 -20 -15 -10 -5.0 0 
AMPLITUDE (dB) 


These curves demonstrate the improved performance obtained 
with several codec designs of varying complexity. 


Curve a — Complex companding and double integration 
(Figure 18 — MC3418) 

Curve b — Double integration (Figure 21 using Figure 6 — 
MC3418) 

Curve c — Single integration (Figure 21 — MC3418) with 
6 mV step size 

Curve d — Single integration (Figure 21 — MC3417) with 
25 mV step size 


THE RMAL INFORMATION 


The maximum power consumption an integrated 
circuit can tolerate at a given operating ambient 
temperature, can be found from the equation: 


TJ(max) - TA 


rs) eg mei ecichdente 
OMA) Raja (Typ) 


Where: PD(Ta) = Power Dissipation allowable at a 
given operating ambient temperature. This must be 
greater than the sum of the products of the supply 


voltages and supply currents at the worst-case oper- 
ating condition. ; 


T J(max) = Maximum Operating Junction 
Temperature as listed in the 
Maximum Ratings Section 
Ta = Maximum Desired Operating Ambient 
Temperature 
R@JA(Typ) = Typical Thermal Resistance 
Junction to Ambient 
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MC3419 
(AA) MOTOROLA MC3419A 
MC3419C 


SUBSCRIBER LOOP 
INTERFACE CIRCUIT 


TELEPHONE LINE FEED AND 2- TO 4-WIRE (SLIC) 


CONVERSION CIRCUIT 
.. . designed to replace the hybrid transformer circuit in Central BIPOLAR LASER-TRIMMED 
Office, PABX and Subscriber carrier equipment, providing signa! INTEGRATED CIRCUIT 
separation fortwo-wire differential to four-wire single-ended 
conversions and suppression of longitudinal signals at the two-wire 
input. It provides dc line current for powering the telset, operating 
from up to a 56 V supply 
@ All Key Parameters Externally Programmable 
@ Current Sensing Outputs Monitor Status of Both Tip and 
Ring Leads 

On-Hook Power Below 5.0 mW 

Digital Hook Status Output 

Power Down Input 

Ground Fault Protection L SUFFIX 

Size and Weight Reduction Over Conventional Approaches CERAMIC PACKAGE 


» The sale of this product is licensed under patent No. 4,004,109. CASE 726 
All royalties related to this patent are included in the unit price. 





FUNCTIONAL BLOCK DIAGRAM 


9 VCC 


Analog Ground 


—J 


Receive Input 


Control eae Balance 
Circuit Network 
j Transmit | 
Output | 
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MAXIMUM RATINGS | 


Voltage (Referenced to Vcc) | | PIN CONNECTIONS 


Sense. Current | 
Steady State . 
Pulse - Figure. 4 


Operating Junction Temperature 
(ja = 100°C/W Typ) | 





Operating Ambient 
Temperature Range 


Loop Current » 


Voltage 


Analog Ground | 
(lL = 0 to 60 mA) 
Me Oto 120 mA) 


VRSsO. VTSO. 
VHSO 








PIN DESCRIPTIONS 


| veo | The most positive supply:voltage. This point is. Earth Giauna in most typical applications. 











BP & BN Are the base drive outputs for the PNP and NPN Darlington transistors. 

EP & EN Are loop current sensing inputs and are connected to the emitter of the PNP & NPN {Darlington transistors. 

TSI & RSI Are the tip and ring current sensing inputs. They are low impedance inputs (approximately 600 each) that 
translate the voltage on tip and ring to a current through Resistors Ry and Rr. 





betes Compensation capacitor input. 
: Is the most negative supply voltage. 


Is the quiet battery connection. The voltage on this pin must not go more negative than Veg. 








Hook Status Threshold programming resistor input pin. This pin programs the value of loop resistance 
which determines on-hook or off-hook status. 





Ring Sense current Output. This output reflects the status of the Ring terminal. The current is sourced from 
this output and is one-sixth Iggy. 








Tip Sense current Output. This output reflects the status of the Tip terminal. The current is sourced from 
this output and is one-sixth ITs}. 








Hook Status Output. This is a digital! output (open collector PNP) that sources current when the loop 
resistance is less than the threshold resistance value set by Ry. . 








- Power-Down Input pin. A logic level “‘O’’ powers down the MC3419. 








Transmit current output. This output sinks current proportional to ITSI + IRSI- > 








Receive input. This input sums the currents from the TX output and signal input. This pin has a low input 
impedance. 











‘Analog ground reference supply voltage. input. 
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ELECTRICAL CHARACTERISTICS (Veg = -48 V, Vas = = -48 V, Vac = -6.0V, ae 900 2, Ta = 25°C unless otherwise noted.) 


[__crancwrase [Faure [symp win [Top [Max 


Transhybrid Gain Variation (1.0 kHz @ 0 dBm Input) 
Transmission/ Reception 
MC3419 
MC3419A 
MC3419C 


Transhybrid Rejection (1.0 kHz @ 0 dBm Input) Vtx/VRx 
Fixed (1%) Resistor Balance Network 
MC3419, MC3419C -23 — — 
-MC3419A -33 — — 
Trimmed Balance Network 
All Types 


dB 
Level Linearity (-48 to +3.0 dBm, 
referenced to output @ 1.0 kHz @ 0 dBm) 
Transmission 
Reception ; 





Frequency Response (200-3400 Hz, referenced to 
output @ 1.0 kHz @ 0 dBm) 


Transmission 
Reception 


Total Distortion 
C-Message Filtered — 
Idle Channel Noise 
MC3419 


MC3419A 
MC3419C 


Termination Resistance Tolerance @ 1.0 kHz 
MC3419A 
MC3419, MC3419C 


| Longitudinal Induction — 60 Hz dBrncO 
(iL = 30 to 100 mA, ILon = 35 mA RMS) 


| Longitudinal Balance Vtx/VLON 
MC3419 (200-3400 Hz) 
MC3419A (200-1000 Hz) 
MC3419A (3000 Hz) 
MC3419C (200-3400 Hz) 


Propagation Delay Tp, Vrx to VL 750 
Vrx to ITx 1.2 
Power Dissipation (Ry > 100 MN) mw 
MC3419, MC3419A 
MC3419C 
Icc pA 


Supply Current — On-Hook 
(Veg = Vos = -56 V, RL > 100 MN) 
MC3419, MC3419A 
MC3419C 


Power Supply Noise Rejection (1.0 kHz @ 1.0 V RMS) VTX/Vee 
MC3419, MC3419A 
Quiet Battery Noise Rejection (1.0 kHz @ 1.0 V RMS) VTX/Vab 
4 


Sense Current 
Tip ITsO/'TsI 
Ring IRSO/!RSI 


eee cee 
: Fault Currents — On-Hook . ms 
— Tip toVce 
‘Ring to Vcc : 
Tip to Ring | 


Tip & Ring toVcc 
Analog Ground Current 
Power Down Logic Levels 





Hook Status Output Current 
(RU < 2.5 ko, PDI = Logic 1) 
(RL > 10 kQ, or PDI = Logic 0) 
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FUNCTIONAL DESCRIPTION 


Referring to the functional block diagram, line-sensing 
resistors at TSI and RSI convert voltages at the Tip and 
Ring terminals into currents which are fed into current 
mirrors* Al and A2. The output of Al is mirrored by A3 
and summed together with an output of A2 at the TX ter- 
minal. Thus, a differential to single-ended conversion is 
performed from the ac line signals to the TX output. 

All the de current at the TX output is fed back through 
the RX terminal to the B1 mirror input. The inputs to B1 
and B2 are made equal by mirroring the B1 input current 


to the B2 input through a low gain output (*1) of the B1 — 


mirror. Both B1 and B2 mirrors have high gain outputs 
(x95) which drive the subscriber lines with balanced cur- 
rents that are equal in amplitude and 180° out of phase. 
The feedback from the TX output, through the B-Circuit 
mirrors, to the subscriber line produces.a dc feed resis- 
tance significantly less than the loop sensing resistors. 

inmost line-interface systems, the actermination 
impedance is desired to be greater than the dc feed imped- 
ance. A differential ac generator on the subscriber loop 
would be terminated by the dc feed impedance if the total 
ac current at the TX output were returned to the B1 input 
along with the dc current. Instead, the MC3419 system 


diverts part of the ac current from the B-Circuit mirrors. 


This decreases the ac feedback current, causing the ac 
termination impedance at the line interface to be greater 
than the dc feed impedance. 

The ac current that is diverted from the B1. mirror input 
is coupled to a current-to-voltage converter circuit that 
has a low input impedance. This circuit consists of an op 
amp and a feedback resistor external to the MC3419 
which produce the transmit output at the 4-wire interface. 


' The transhybrid transmission dete: is programmed by the . 


op amp feedback resistor. 

Transhybrid reception is realized by converting the ac 
coupled receive input voltage to a current through an 
external resistor at the low impedance RX terminal. This 
current is summed at RX with the de and ac feedback cur- 
rent from the A-Circuit mirror and drives the B1 mirror 
input. The B-Circuit mirror outputs drive the line with 
balanced ac current proportional to the receive input 
voltage. The transhybrid reception gain is programmed by 
the resistor at the RX input. 

Since receive input signals are transmitted through the 


MC3419 to the 2-wire port, and the 2-wire port signals © 


are returned to the 4-wire transmit output, a means of 
cancellation must be provided to maintain 4-wire signal 
separation (transhybrid rejection). Cancellation is compli- 
cated because the gain from the receive port to the trans- 
mit port depends on the impedance of the subscriber loop. 
A passive “balance network” is used to achieve trans- 
hybrid rejection by cancelling, at the low impedance input 
to the transmit op amp, the current reflected by the loop 
impedance to the 4-wire transmit output. For a resistive 
loop impedance, a single resistor provides the cancel- 
lation. For reactive loops, the balance network should 
be reactive. 


Longitudinal (common-mode) currents that may be 


_ present on the subscriber lines are suppressed ‘in. the 


MC3419 by two methods. The first mode of suppression is 
inherent in the mirror configuration. Positive-going longi- 
tudinal currents into Tip and Ring create common-mode . 
voltages that cause a decreasing current through the Tip 


- Sensing resistor and an increasing current through the 


Ring Sensing resistor. When these equal and opposite 
signal currents are reflected through the A-Circuit and 
summed together at TX, the total current at TX remains 
unchanged. Therefore, the ac currents due to the | 


- common-mode signals are cancelled Betore reaching the 


transmit output. 

The second longitudinal suppression method is domi- 
nant, since it limits the amplitude of common-mode 
voltages that appear at the Tip and Ring terminals. 
Through an error-detecting circuit, the input of whichis a 
difference current between outputs of Al and A2, the 
impedance at Tip and Ring to longitudinal currents is kept 
very low. This is accomplished with a high gain C-Circuit 
which produces B1 and B2 output currents that are equal 
and in phase to cancel the longitudinal line currents. 
Operation of this circuit does not affect the dc line-current _ 


or the processing of normal differential line signals. 


The hook-status control circuit supplies the bias cur- | 
rents to activate the B-Circuit op-amps and other sections 
of the MC3419. If the PDI pin is a logic “one”, the control 
circuit senses two outputs from the Al and A2 mirrors. 


If both of these output currents are greater than the pre- - 


programmed current at the HST terminal, the control - 
circuit supplies currents to power upthe SLIC. Atthe same 
time it activates a digital status output, HSO. 

In addition to the digital hook status output, the condi- 


_ tion of Tip and Ring can be monitored at the TSO and RSO 


outputs of the MC3419. These outputs source currents 
proportional to the TSI and RSI input currents respectively, 
and operate independently of the PDI logic input. 

The MC3419 has two negative battery terminals. Veg 
supplies the high current through the B2 mirror to drive - 
the line. B2 has a high output impedance and battery noise 
will not be coupled to the line from the Veg terminal. 
However, Vqap is quite sensitive to noise, since the line- 
sensing resistor is referenced to this pin through the A2 
mirror, and should be bypassed with a filter network to 
guarantee a high rejection of battery noise. 

The VAG input also plays a key role in reducing power- 
supply related noise that can occur when the MC3419 
system is coupled to a switching system. The analog 
ground isolates the 4-wire receive and transmit signal 
paths from noise on the system power ground by estab- 
lishing a common ac signal reference. 


*Acurrent mirror is a circuit which behaves as a current 
controlled, current source. It has a single low-impedance 
input terminal and one or more high impedance outputs. 
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FIGURE 1 — AC TEST CIRCUIT 





1 
Vcc VAG 
. 2 EP RX 
BP T™ 
: 
Tip ag t 174k 4 cor -_ 
MC3419 
cc HSO 
RSI TSO 
BN RSO 
EN HST 
VEE VaB 


AC Termination Resistance, Ro = 900 1) 
DC Feed Resistance, R¢ = 400 2) 


1.0 uF m 
O 
900 VRX 
is O -6.0V 
ae 3252" $50 &> . 
16 O 
156k 4 oUF 
15 ee Vv ee 
59k 
Mes -12V 
3s HSO 
C) 
12 
OO 
11 
261k 
-48V 


Transmit and Receive Gain = 0 dB 
Al = Low Noise Type Op-Amp 


FIGURE 2 — LONGITUDINAL BALANCE TEST CIRCUIT 


AC Termination Resistance, Ro = 900 2 
DC Feed Resistance, R¢ = 400 2 
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18 
17 42.7 k 


59k 
16 


15.6k 10yF 


59 k 


261k 
-48V 


Transmit and Receive Gain = OdB 
A1 = Low Noise Type Op-Amp 
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FIGURE 3 — SUPPLY NOISE REJECTION TEST CIRCUIT 





18 5-6.0V 
7 


eee pe Pe 
P ee >—O 


15.6 k 1.0 uF 


59k 


Vab | 
-48V 


-51V 


= (~) 


AC Termination Resistance, Ro = 900 1 Transmit and Receive Gain = 0 dB 
DC Feed Resistance, R¢ = 400 2) A1 = Low Noise Type Op-Amp 


FIGURE 4 — TSO AND RSO SUPERVISORY OUTPUT TEST CIRCUIT 
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FIGURE & — QUIET BATTERY 
versus LOOP CURRENT FIGURE 6 — LONGITUDINAL CAPACITY 





IQB(mA) = 9.25 + 0.0285 IL 


igp, QUIET BATTERY CURRENT (mA) 
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_ APPLICATIONS INFORMATION 


The Motorola Subscriber. Loop Interface Circuit (SLIC) 
is comprised of a bipolar laser-trimmed integrated cir- 
cuit, MC3419, two complimentary Darlington power 


transistors, MJE270 and 271, a bridge rectifier, MDA220, © 


ten resistors, and five capacitors,.as shown in Figure 7. 
The op amp providing the V7x output may be a separate 
component.or may be one of the two op amps included in 
the MC14413 or MC14414 PCM filter packages. The 
Circuit of Figure 7 will provide: 

Adjustable resistive dc power feed 

Adjustable maximum loop range 

Adjustable ac termination impedance 

2-wire balanced to 4-wire single ended conversion 

Adjustable transmit and receive gains 

Independent transhybrid null 

Ring-to-ground, Tip-to-ground, and Ring- and Tip-to- 

ground fault current limiting (2.5 mA) 
Rejection of longitudinal or common mode interference 
from dc to greater than 4.0 kHz 

1500 volt secondary lightning transient protection 

Temporary power-line fault protection 

On-hook power-down (less than 10 mW) 

Floating 4-wire common input for noise rejection 

Hook-status output signal 

Power-down control for subscriber service denial 

Continuous Tip and Ring status monitoring outputs 

Wide battery range (20 V to 56 V) 


In addition, the SLIC can provide the following optional 
features: 


Constant current battery feed 
Current limiting battery feed 
Battery noise suppression 
Adjustable frequency response 


DC Characteristics 


When the telephone is on-hook, the Tip and Ring ter- 
minals of the SLIC are essentially open and the MC3419 is 
in a quiescent state. In this condition, current is being 
supplied to the line only through Rr and RT and power 
dissipation in the MC3419 is limited primarily to leakage 
currents. . 

In the off-hook state, the MC3419 powers itself up and 
provides current to the line. The off-hook dc feed resistance 
with which the SLIC drives the line is given by 


(Rr + RT + 1200)|Vosl 


RF = "98 (Vaal -4) me 


The values of Rp and Rqt can be derived from equation 
(1) to provide the desired dc feed resistance once Vqp 
is known. 

_ 49 (IVapl -4) Re 


= aes = (2) 
RR=RT Von 600 


FIGURE 7 — SLIC CIRCUIT 
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The line-feed current flows between ground and V_Eg; 
however, the control electronics is referenced to Vgog and 
ground. Therefore, the dc feed resistance appears to be 
referenced to Vag and ground. 

The matching of Rp and RT is critical to a number of ac 
performance parameters as shown in Figures 8, 9 and 10. 
One percent tolerance or better is recommended for these 
resistors. In addition, these resistors must withstand any 
voltage transients on the line. Resistors able to withstand 
voltage transients of 1000 V or more are recommended. 


FIGURE 8 — RETURN LOSS versus TIP/RING 
RESISTOR MISMATCH 
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FIGURE 9 — TRANSHYBRID REJECTION versus 
TIP/RING RESISTOR MISMATCH 
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Power dissipation on short loops can be significantly 
reduced by either of two methods of current limiting. The 
dc feed resistance Rf is shown in equation (1) to be a 
function of Vgp as well as RT and Rr. The current log 
from the Vgp pin is proportional to loop current. There- 
fore, aresistor Rap placed between the Vog pin and Veg 
supply will reduce the Vgp supply voltage as the loop 
current increases. This slightly increases the value of Rr 
while at the same time reducing the effective value of the 
battery voltage, thereby limiting loop current. Figure 11 
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FIGURE 10 — IMPEDANCE BALANCE versus 
TIP/RING RESISTOR MISMATCH 
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FIGURE 11 — LOOP CURRENT versus 
. LOOP RESISTANCE 
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can be used to determine the value of Ras that will yield 
the desired maximum loop current. _ 

Figure 20 shows how a current regulator device can be 
used in place of Rag to provide a constant current line- 
feed characteristic up to the loop resistance where the 
constant Current equals the resistive feed current. At that 
point, the line-feed will appear resistive. Typical current 
regulator values for various loop currents are shown in 
Figure 12. The Motorola 1N5283 series of current 
regulator diodes are recommended. The current sourced 
to the current EOL AEO diode in the off-hook mode is: 





IVasl -4° 
lop = 0.0285 IL + 0.25 + a 3 (a) 
IL in mA, Ry In kO 
In the on-hook mode the current is: = 
lop=215IRsi+O7 si 3(b) 


Figure 13 isa graph of SLIC power dissipation for both. 
400 1 resistive battery feed and constant current battery 
feed, (or current limiting) showing the power savings of 
constant current techniques. — 
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- FIGURE 12 — LOOP CURRENT REGULATION 
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FIGURE 14 — HOOK STATUS DETECTION 





Either Rqg or the current regulator diode and a capaci- 
tor to Vcc provide an effective means of filtering any 
noise on the VEg line and prevent it from reaching the 
Vos pin. 

The loop resistances wnieh the SLIC vecoanizes as:on- 
hook and off-hook are determined by Ry. 


~ RL (On-Hook) 2 0.17 Ry - (RR + RT) | 2 Afa) 


Ry (Off-Hook) < 0.011 Ry - 0.010 (Rp + RT) 4 (b) 


The value of Ry can be selected from.Figure 14. Allloop 


resistances below the shaded area at the point where Ry 
was selected are recognized as off-hook. All loop resis- 
tances above the shaded area at the value of Ry are 
recognized as on-hook. The shaded area represented an 
undefined region where the hook status output may indi- 
cate either'on-hook or off-hook due to cement tolerances 
and comparator hysteresis. ; 
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FIGURE 13 — TOTAL SLIC POWER DISSIPATION | 
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FIGURE 15 — TRANSIENT VOLTAGE WAVE SHAPE 
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Transient Protection 


The SLIC shown in Figure 7 will withstand positive — 
or negative voltage transients on Tip and Ring up to- 
1500 Vpeak having the waveshape shown in Figure 15. . 
The resistors Rpt, Rpr, RT, and RR must be chosen to with- 
stand such a voltage transient without arcing across or 
failing due to the resulting current surge. The values of 
Rpt and Rpp should be between 30 and 50 0. Tolerance of 
20% is adequate. The values of RT and Rp are determined 
per equation (2). The peak currents at RSI and TSI should 
not exceed 200 mA during these transients. 

The circuit of Figure 7 will also withstand crosses to ac 
power lines of up to 700 Vays for 11 cycles of the 60 Hz 
line per REA Form 522a. The ability to withstand con- 
tinuous power-line crosses is determined mainly by the 
power handling ability of Rpt, Rpr, Rt, and Rr. The cir- 
cuit wiring to the MDA 220 diode bridge must be adequate 
to handle the large voltages and currents caused by 
transients, as well. 

None of the pins on the MC3419 should be operated 
more positive than Vcc or more negative than VEE. How- 
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ever, under transient conditions, EP and BP may go up to 
one volt more positive than Vcc and BN, EN, and Vqp may 
go up to one volt more negative than Veg without perma- 
nent damage to the MC3419. When a capacitor is used on 
the Vos pin inconjunction with Rap, a 1N4001 or similar 
diode is recommended between Veg and Vas. The diode 
cathode should be connected to Vqg. For single short 
transients of less than one millisecond, EP and BP may 
exceed Vcc and EN and BN may exceed VEE by up to 30 V. 


Transmission Characteristics 


The ac termination impedance Rg of the SLIC is deter- 
mined by RT, Rr, and the ratio of RTx2 to RTx1. 


RT +RR+ 1200 
1+97K5 
be RTX2 
RTX2 + RTX1 


The required value of Ks is derived from equation (5) after 


choosing Ro. 
“| 


° 1 
5” 97 
The value of RTx1 must be selected first to assure that the 
internal current mirrors in the MC3419 do not saturate at 
the minimum voltage provided at Vog. The value of RTx] 
is determined by: 


(RR + RT + 1200) (|VQsBl min -!VAGI max - 6.5) 
|VaBl min - 5.4 (8) 
If current limiting or constant current-feed is used 


where the minimum value of Vqgg may not be known, 
RTx1 is found by: 


0.01 IL(max)(RR + RT + 600) -| VAG! (max) - 3.9 


as (5) 


(6) 


Ro 


RTX1 = 


RTX1= 
The value of RTx2 may be derived from equation (6). 
K5RTX1 
 eerce eae 10 
RTX2 1-Ks (10) 


Transhybrid reception gain (GRx) from VRx to Tip and 
Ring is given by: 


95 RL Ro 
(RL + Ro) RRX 
The value of Rrx may be calculated to provide the desired 
Grx for a given Ro and R,. 

95 RL Ro 
(RL + Ro) GRx 
Transhybrid transmission gain (GTxXiirom Tip and Ring to 
VTx is given by: 

1.02 Rytx (1-Ks5) 
GTX = Fe YR? 1200 


GRX = (11) 


(13) 


The value of Rytx may be calculated to provide the 
desired GT x. 
(RR + Rt + 1200) Gtx 


(14) 
1.02 (1-K5) | 


RvTX = 
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Transhybrid rejection is achieved with the SLIC by taking 
advantage of the 180° phase reversal of the current at the 
TX pin with respect to the Vpx input. A balance resistor, 
Rp, is placed between the Vyx input and the virtual ground 
point between CTx and RTxQ. The value of this resistor is 
selected to exactly cancel out the return current from the 
TX pin and is determined by: 

RRX(1 + 97K5) (Ro + RL) 

97(1-K5) (RL) 


Maximum rejection will only occur at one value of Rv 
across Tip and Ring, as shown in Figure 16, for a given 
value of Rg. Figure 16 shows that more than one value of 
Rp may be required to provide adequate rejection over 
wide ranges of loop resistance. 


(15) 


Rpg = 


FIGURE 16 — TRANSHYBRID REJECTION 
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Maximum rejection on a line that is reactive can be 
obtained with the circuit shown in Figure 17. This will 
balance any capacitive load on the line, where 


Rrxi(RR + RT + 1200) 





BI = —~97 RL (1-K5) aie) 
ee Rrx(RrR + RT + 1200) (17) 
B2 © 97 Ro (1-K5) : 
— REC 
Cp = (18) 
. RB2 


Signaling and Supervision 

The PDI function shuts off all power to the subscriber 
with the exception of the small current provided by Rr and 
Ry. The power-down state occurs when a logic low-level, 
any voltage more negative than Vcc -4.0 V but not exceed- 
ing -20 V, is applied to the PDI pin. 

The PDI pin is designed to be TTL compatible if the logic 
power supplies are O V and -5.0 V. It is also compatible 
with CMOS powered from OV and -12 V supplies, other- 
wise a level-shifter is required. If the power-down feature 
is not desired, this pin can be tied to Vcc. 

Hook status is indicated by the presence or. absence of 
current at the Hook Status Output (HSO). On-hook status 
is indicated. by no current output at HSO. When an off- 
hook condition is detected by. the MC3419; the HSO pin 
sources adc current of at least 200 nA. A resistor can be 
used to translate the current into a voltage for further 
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processing by the digital logic. This pin also passes dial 
pulse information. If the PDI pin is at a logic low level, HSO 
is inactive. 

Figures 18 (a), 18 (b), and 18 (c) show suggestions for 
interfacing with various digital logic levels. 

The Tip Sense Output (TSO) and the Ring Sense Output 
(RSO) both source current that is proportional to the cur- 
rent that flows into and out of their respective inputs - the 
Tip Sense Input (TSI) and Ring Sense Input (RSI). The out- 
put Currents are 1/6 that of the input currents. These 
outputs may be used as ‘full time monitors of the line 


condition since they remain active even if the MC3419 is 
inthe power-down state. Figure 19 shows how these out- . 


puts can be used for the ring-trip function and ring-fault 
indicator. . m 
Ringing is the last function to describe on Figure 19. 
There are several ways of inserting the ringing signals on 
a line, any one of which the SLIC can be adapted to. Figure 
19 shows one method. | z 
When the ringing relay is enabled, the ring side of the 


~ SLIC is disconnected. The tip side of the line is connected 


to a grounded resistor (RG 1) to provide a complete signal 
path for the ring generator signal. While the phone is on- 


FIGURE 17— BALANCE NETWORK FOR REACTIVE LINES 
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hook, the ringing signal is capacitively coupled to the tip 
line through the high impedance of the bell ringer and a 
capacitor inthe phone. The dc currents are low and there- 
fore the dc voltage drop across RG1 is low. When the sub- 
scriber goes off-hook, the impedance of the phone drops 
to a few hundred (1 of dc resistance and RG} gets a large 
de current along with a large ac current. The sensing 
resistor (RT) will sense this change and the TSO output of 
the MC3419 will also reflect this change by an increased 
voltage drop on the RTs resistor. The capacitor (CTs) will 
filter the ac component of the signal. A comparator can 
now be used to determine the hook status and disable 
the ring relay. 


Design Example 


This example will illustrate the design procedure for a 
SLIC to meet the following specifications: 

VeEgE=-48V+60V 

VAG =-6.0V+1.0V 

400 ©) resistive dc feed 

Current limiting at 60 mA 

Maximum loop resistance of 2500 0 

900 1) ac termination resistance 
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FIGURE 18 — INTERFACE-TO-DIGITAL LOGIC 





-12V 
-48 V 


(a) 
Interface-to-CMOS 
Using a Negative Supply 


Transmit gain of 0 dB 
Receive gain of O dB 
Balanced for 600 &) line resistance 


The Vgp supply will be derived from the -48 V Veg 
supply through a 1N5305 current regulator diode to pro- 
vide loop current limiting at 60 mA. The voltage drop 
across the 1N5305 is less than 2.0 V until it reaches regu- 
lation and may be ignored in the calculation of Rp andRre. 
Cos is 10 uF at 60 V. From equation (2). 


_ 49 (48-4) 400 : 
48 eee 


= 173670, 
The closest standard value with +1.0% tolerance is 
17.4 kN. 17.4 kQO will be used in all the rest of the 
equations. _ 

The protection resistors (RprR and Rpt) should be 300 
to 50 2. For this example we will use 40 0 +20%. Cr and 
Cr are stabilization capacitors whose values, including 
line capacity, should be a minimum of 2000 pF. 

Rc and Cc are determined by (Rt + 600) Cr = Rc Cc. 
18 kX +5% and 2000 pF will be used for Rc and Cc. 

The value of Ry is determined from Figure 14. To guar- 
antee off-hook detection at the maximum loop resistance 
of 2500 0, Ry can be 261 kN +1%, which is a standard 
value. A270 kf. +5% resistor can be used if the on-hook 
resistance of the loop is specified larger than 14 kf. 


Ry =RR 


+12V 





(b) 


Interface-to-CMOS 
Using a Positive Supply 
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-48 V 


(c) 
interface-to-TTL/LS 
Using +5.0 V for Vcc 


To obtain the desired 900 1) ac termination resistance 
(Ro), Ks is first calculated using equation (7). 


2 Z| 17400 + 17400 + 1200 a] 
5° 97 900 
= 0.402 


The value of RTx is calculated from equation (9) since 
VaB is Supplied from a current regulator diode. 
_ (0.01) (0.06) (17400 + 17400 + 600) -7-3.9 


RTX1 (0.01) (0.06) 


= 17233 0 
17233 2 is the largest value of RTx 1 that can be used. 


A 16.9 kN +1% resistor is the standard value selected. 
From equation (10), RTx2 is now calculated. » 

_ (0.402) (16900) 

(1-0.402) 

=113610 
A11.3k0 +1% resistor is selected. When selecting RTXx2, 
select the nearest standard value lower than the calcu- 
lated value. This is because Ctx adds a small impedance 
to the value of RTx2 and the virtual ground node (negative 
input to the current to voltage converter) will also add a 
slight amount of impedance to RTx2. The impedance of 
the virtual ground point is 


RvVTX 


a eae rey 
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where A is the open loop gain of the op amp. At 1.0 kHz, 
—Zjn will probably range from 50 1 to 100 9. The Crx 
capacitor, 1.0 uF (50 V) adds a reactance of 160 tothe 
value of RTx2 so the total impedance is: 


(11300 + 75)2 + (160)2 = 11376 0 
With the nominal values selected for RTx4, RTx2, CTX 
and Zjn, K5 nominal value is 0.4007 and Ro nominal value 
is 903 0. 
Transhybrid reception gain (GRx) is set to 0 dB (voltage 
gain of one) by calculating Rrx using equation (12). A 
nominal line resistance (R_) of 900 N will be assumed. 


_ (95) (900) (903) 

(900 + 903) (1) 
= 42821 0, . 
A 43.2 kN +1% resistor should be used for Rex. Use a 
1.0 uF 20 V capacitor for Crx. . 

Transhybrid transmission gain (Gtx) is set for unity 
gain by calculating RyTx, using equation (13). 

R _ (17400 + 17400 + 1200) (1) 
VIX (1-0.4007) 
= 60070 0 

A 60.4 kN +1% resistor should be used for RyTx. 


RRx 


The balance resistor (Rg) is selected to maximize trans- 
hybrid rejection with Ry of 600 N using equation (15). 


_ 43200 [1 + 97 (0.4007)} (903 + 600) 
97 (1-0.4007) (600) 


= 742160, 


A75 kN +1% resistor would be selected. 

The digital Hook Status Output resistor (Rs) is deter- 
mined from a consideration of the type of logic with which 
the output must interface and the power supply voltages 
of that logic. Assuming CMOS at Vpp=O0VandVss=12V, 
then 


Reg 


Vss 
IHS 
12V 
200 vA 
= 60 kQ 
A 62 kf. 5% resistor is suitable. 

The complete SLIC design is shown in Figure 20, along 
with the codec, filter, time-slot assigner/channel control- 
ler, and reference voltage needed for a complete line 
circuit. 


RHS 
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FIGURE 19 — RING INSERTION 
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FIGURE 20 — LINE CIRCUIT USING SLIC, FILTER, 
CODEC AND TSAC 
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(AA) MOTOROLA 


TELEPHONE LINE-FEED CIRCUIT 


. designed as the heart of a circuit to provide BORSHT functions 
for telephone service in Central Office, PABX, and Subscriber Car- 
rier equipment. This circuit provides dc power for the telephone 
(Battery), Overvoltage protection, Supervision features such as 
hook status and dial pulsing, two-wire differential to four-wire 
single-ended conversions and suppression of longitudinal signals 
at the two-wire input (Hybrid), and facilitates ringing insertion, 
Ring trip detection and Testing. 


Totally Upward Compatible with the MC3419 
All Key Parameters Externally Programmable 


Current Sensing Outputs Monitor Status of Both Tip and Ring 
Leads for Auxiliary Functions such as: Ground Key, Ring Trip, 
Message Waiting Lamp, etc. 


On-Hook Power Below 5.0 mW 

Digital Hook Status Output 

Powerdown Input 

Ground Fault Protection 

Operates from Single — 20 V to — 56 V Power Source 

Size and Weight Reduction Over Conventional Approaches 


The sale of this product is licensed under Patent No. 4,004,109. 
All royalties related to this patent are included in the unit price. 
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MAXIMUM RATINGS (Voltages Referenced to Vcc.) 


Rating 
| —60 Vde 
ae VEE —1.0V 


Powerdown Input Voltage Range VPDi +15 to —15 Vde 


Sense Current ITs). IRS} . 
. Steady State 100 
Pulse —:Figure 4. _ 200 
Storage Temperature Range | -—65 to +150 
Operating Junction Temperature Ty 150 ile 
(9JA = 100°C/W Typ) am 
OPERATING CONDITIONS (Voltages Referenced to Vcc.) 
|Rating | Symbol! | Value | Unit 
Operating Ambient Oto +70 | °C \ 
Temperature Range pd 
Voltage VEE —20 to -56 Vde | 
ie VoB — 20 to VEE 
: Vde |" 


Analog Ground ©. © . 


































Voltage 


PIN CONNECTIONS 


























TA . 
IL 
VAG ; 










(IL = 0 to 60 mA) Oto —-12 | 
(i. = 0 to 120 mA) —2.5 to —12 


Supervisory Output Voltage VrRso. VTSO -2.0 to —20 Vde 
Compliance Range 
Hook Status Output VHSO +15 to —20 | 


_ TRANSMISSION CHARACTERISTICS (R; = 600 © unless otherwise noted.) 


| Characteristic | Figure | Symbol | Min _| 


Transmit and Receive Gain Variation VIX, 
(Insertion Loss) Vi/VRX 
(1.0 kHz @ 0 dBm Input) ~ pu 

MC3419-1 

MC3419A-1 

MC3419C-1 


Transhybrid Rejection 
(Input — 1 kHz @ 0 dBm) 
Fixed (1%) Resistor Balance Network 
MC3419-1, MC3419C-1 
MC3419A-1 | et, 
Trimmed Balance Network All Types 














































Level Linearity (— 48 to +3.0 dBm, referenced to 
0 dBm @ 1 kHz) 
Transmission | 

Reception 












Frequency Response (200-3400 Hz referenced to 
1.0 kHz @ 0 dBm) ": 
Transmission | 

Reception 


Total Distortion @ 1.0 kHz, 0 dBm 
(C-Message Filtered) 











VTX/VL —0.1 +0.1 
VLVRX =0.7, +0.1 


ViVRx © -60 
— MTXNVL . - 60 
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TRANSMISSION CHARACTERISTICS (continued) (Ri = 600 © unless otherwise noted. =e 


Characteristic Figure | Symbol | Min _ 


Idle Channel Noise (Vax = 0 V) 
MC3419-1, MC3419A-1 
MC3419C-1 


Return Loss (referenced to 600 ohms) @ 1.0 kHz, 


0 dBm 
MC3419A-1 
MC3419-1, MC3419C-1 


Longitudinal Induction (60 Hz) 
(LON = 35 mA RMS) 
Longitudinal Balance 
MC3419-1 (200-3000 Hz) 
MC3419A-1 (200-1000 Hz) 
MC3419A-1 (3000 Hz) 
MC3419C-1 (200-3000 Hz) 


ELECTRICAL CHARACTERISTICS ee 


| Characteristic = 


4 u Tefels| 


VTX/VLON. 
VL/VLON 





—48 V, a Vee. VAG = OV, RL = 6000, = = 25°C unless wee ae 


[symbol [Min | Typ 


Propagation Delay Tp, VRx to Vi 750 
Vx to ITx 1.2 


Supply Current — On-Hook 


(Vee = Vop = 56V, RL > 100 MQ) 


MC3419-1, MC3419A-1 
MC3419C-1 


On-Hook Power Dissipation 
(Rp > 100 MQ) 
MC3419-1, MC3419A-1 
MC3419C-1 


Power Supply Noise Rejection 
(1.0 kHz @ 1.0 Vans) 
MC3419-1, MC3419A- 1 
MC3419C-1 


Quiet Battery Noise Rejection 
(1.0 kHz @ 1.0 Vams) 


Sense Current 
Tip 
Ring 
Fault Currents 
Tip to Vcc 
Ring to Vcc 
Tip to Ring 
Tip and Ring to Vcc 


Powerdown Logic Levels 


Hook Status Output Current 
(RL < 2.5 kN, VHso = +0.4 Vdc) 
VHSO = —0.4 Vdc) 
(RL > 10 kO, Vso = +12 Vde) 
VHSO = —12 Vde) 


IVCC 
40 200 
100 500 


ITSO/ITS| 
IRSO/IRSI 
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FIGURE 1 — AC TEST CIRCUIT 
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FIGURE 2 — LONGITUDINAL BALANCE TEST CIRCUIT 
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FIGURE 3 — SUPPLY NOISE REJECTION TEST CIRCUIT 
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FIGURE 4 — TSO AND RSO SUPERVISORY OUTPUT TEST CIRCUIT 
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lvop, QUIET BATTERY CURRENT (mA) 


FIGURE 5 


— QUIET BATTERY CURRENT Iyogp 
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‘FIGURE 6 — LONGITUDINAL CAPACITY 
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PIN DESCRIPTIONS 


[Pin [Name] O™S™~SOSSCSCSC~SRtRSCSC~—CSCSCSCS*d 
The positive supply voltage. This point is ground in typical applications. 


Loop current sensing inputs. These are connected to the emitters of the PNP and NPN Darlington 
transistors. They are tied through 10 1 resistors to Vcc and Veg, respectively. The maximum 
continuous current through these inputs is 240 mA. 

3,7 BP & BN Base drive outputs. These pins drive the bases of the PNP and NPN transistors and are able to sink 
or scurce, respectively, up to 5.0 mA. 

4,6 TSI & RSI Tip and Ring voltage Sensing Inputs. They are low impedance inputs (approximately 600 2 each 
i.e., 400 O + 3 diodes) that translate the voltages on Tip and Ring to a current through resistors 


Ry and Rr. TSI is referenced to Vcc and RSI is referenced to Vgg. These pins have 6.0 V zener 
diodes (to their respective reference) for protection against overvoltage line surges. 






Compensation Capacitor pin. This pin is used to stabilize the longitudinal or common mode 
circuitry. 


Negative supply voltage. This pin ties to the chip substrate. Its operating voltage range is —20 V to 


— 56 V. It can withstand —60 V without damage and can sustain a voltage surge to — 75 V for less 
than 4.0 ms without significant degradation of performance. Most of the loop current and bias 
currents flow through this pin. 





Quiet Battery Voltage reference. This is the voltage reference for the RS! pin. Its voltage must not 
go more negative than Veg. The current through this pin, while powered up, is proportional to 
the loop current, allowing it to be used for loop current limiting. The voltage on this pin, less 4 
volts, is the “effective battery feed voltage for the 2-wire lines even though most of the power 

comes from the Veg supply. 


ha HST Hook Status Threshold programming resistor input. R}y determines the value of loop resistance at 












which on-hook and off-hook status is switched. 


Ring Sense current Output. This output reflects the voltage status of the Ring terminal for voltages 
more positive than Vqg. The current is sourced from this output; it is one-sixth IRs), its voltage 
range is 0 to — 20 V and its saturation voltage is approximately — 2.0 V. 






Tip Sense current Output. This output reflects the voltage status of the Tip terminal for voltages 
more negative than Vcc. The current is sourced from this output, it is one-sixth ITs), its voltage 
range is 0 V to —20 V and its saturation voltage is approximately — 2.0 V. 









Hook Status Output. This is a digital output that reflects the condition of the loop resistance. If loop 
resistance is less than a predetermined value established by Ry, usually RL < 2.5 kf, the HSO 
pin will be active, i.e., with positive voltage logic (a resistor tied from a +5.0 V or +12 V supply 
to HSO), this pin will sink current to Vcc (VHS0 = 0 V); with negative voltage logic (a resistor 
tied from a —12 V supply to HSO), this pin will source current from Vcc (Vso = 0 V). If loop 
resistance is greater than a predetermined value again established by the same resistor Ry, 
usually RL > 10 kQ, the HSO pin is inactive, i.e., VHso = logic supply voltage. 


Powerdown Input pin. This pin is used to deny service to the subscriber. A logic level “O” (Vi, < 


— 4.0 V) powers down the MC3419-1 except for HSO, TSO and RSO. The voltage range of this — 
high impedance input pin is +15 V. 










Transmit current Output. This output sinks current to Vgp and is proportional to Its; + IRS) by a 
ratio of K1 where: K1 = 1.02. Its saturation voltage is Vqgg + 2.5 V typ. (+3.5 V over the 
temperature range). This pin is only active during the off-hook power-up condition. 






Receive Input. This input sums ac currents from TXO and the receive voltage input (Vpx) and 
sources all the dc current to TXO. It has a low input impedance (15 2) typically biased 4.5 V 

below the Vac pin voltage during off-hook power-up conditions. During powerdown conditions, 
the voltages on RXi and TXO can drift up to Vac. 









Analog Ground Voltage reference input. The input impedance of this pin is much greater than 1.0 MN. 
It should be ac coupled to system ground and could be direct coupled if system ground is 
between 0 V and —12 V. AC coupling requires 300 kM to Vcc and 0.1 uF to system ground. If 
Vcc and system ground are common, tie VaG directly to Vcc. If dc loop currents are allowed to 

go higher than 60 mA, Vac should be biased from — 2.5 V to — 12 V to avoid problems at high 

ambient temperatures. 
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FUNCTIONAL DESCRIPTION 


Referring to the functional block diagram on page 1, 
line sensing resistors (RR and Rr) at the TSI and RSI 
pins convert voltages at the Tip and Ring terminals into 
currents which are fed into current mirrors* A1 and A2. 
An output of A1 is mirrored by A3 and summed together 
with an output of A2 at the TXO terminal. Thus, a dif- 
ferential to single-ended conversion is performed from 
the ac line signals to the TXO output. 

All the dc current at the TXO output is fed back 
through the RXI terminals to the B1 mirror input. The 
inputs to B1 and B2 are made equal by mirroring the 
B1 input current to the B2 input through a unity gain 
output of the B1 mirror. Both B1 and B2 mirrors have 
high gain outputs (x95) which drive the subscriber lines 
with balanced currents that are equal in amplitude and 
180° out of phase. The feedback from the TXO output, 
through the B-Circuit mirrors, to the subscriber line 
produces a dc feed resistance significantly less, but 
proportional to the loop sensing resistors. 

In most line-interface systems, the ac termination 
impedance is desired to be greater than the dc feed 
impedance. A differential ac generator on the subscriber 
loop would be terminated by the dc feed impedance if 
the total ac current at the TXO output were returned to 
the B1 input along with the dc current. Instead, the 
MC3419-1 system diverts part of the ac current from the 
B-Circuit mirrors. This decreases the ac feedback cur- 
rent, causing the ac termination impedance at the line 
interface to be greater than the dc feed impedance. 

The ac current that is diverted from the B1 mirror 
input is coupled to a current-to-voltage converter circuit 
that has a low input impedance. This circuit consists of 
an op amp (external to the MC3419-1) and a feedback 
resistor which produces the transmit output voltage 
(VtTx) at the 4-wire interface. Transmission gain is pro- 
grammed by the op amp feedback resistor (RyT x). 

Reception gain is realized by converting the ac cou- 
pled receive input voltage (Vp_x) to a current through 
an external resistor (RRx) at the low impedance RXI 
terminal. This current is summed at RXI with the dc and 
ac feedback current from the A-Circuit mirrors and 
drives the B1 mirror input. The B-Circuit mirror outputs 
drive the 2-wire port with balanced ac current propor- 
tional to the receive input voltage. Reception gain is 
programmed by the Rry resistor. a 

Since receive input signals are transmitted through 
the MC3419-1 to the 2-wire port, and the 2-wire port 
signals are returned to the 4-wire transmit output, a 
means of cancellation must be provided to maintain 
4-wire signal separation (transhybrid rejection). Can- 
cellation is complicated because the gain from the re- 
ceive port to the transmit port depends on the impedance 


*A current mirror is a circuit which behaves as a current controlled 
current source. It has a single low-impedance input terminal with re- 
spect to a reference point and one or more high impedance outputs. 


of the subscriber loop. A passive “‘balance network” is 
used to achieve transhybrid rejection by cancelling, at 


the low impedance input to the transmit op amp, the 


current reflected by the loop impedance to the 4-wire 
transmit output. For a resistive loop impedance, a single 
resistor provides the cancellation. For reactive loops, 
the balance network should be reactive. 

Longitudinal (common-mode) currents that may be 
present on the subscriber lines are suppressed in the 
MC3419-1 by two methods. The first is inherent in the 
mirror configuration. Positive-going longitudinal cur- 
rents into Tip and Ring create common-mode voltages 
that cause a decreasing current through the Tip Sensing 
resistor and an increasing current through the Ring 
Sensing resistor. When these equal and opposite signal 
currents are reflected through the A-Circuit mirrors and 
summed together at TXO, the total current at TXO re- 
mains unchanged. Therefore, the ac currents due to the 
common-mode signal are cancelled before reaching the 
transmit output. . 

The second longitudinal suppression method is more 
dominant, since it limits the amplitude of common- 
mode voltages that appear at the Tip and Ring terminals. 

A common-mode suppression circuit detects com- 


-“mon-mode inputs and drives the loop with balanced 
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currents to reduce the input amplitude. Subtracting cur- 
rents from outputs of the A1 and A2 mirrors produces 
a signal current at the CC terminal in response to the 
common-mode voltage at Tip and Ring. A transcon- 
ductance amplifier (C-Circuit) generates a current pro- 
portional to tne CC terminal voltage which is summed 
with the current from the RXI terminal at the inputs of 
current mirrors B1 and B2. The weighting and polarity 
of the summing networks produce common-mode B1 
and B2 mirror output currents at the 2-wire port. The 
common-mode input impedance is inversely propor- 
tional to the gain of the longitudinal suppression circuit. 
Rc and Cc compensate the common-mode feedback 
loop. At 60 Hz with typical component values, the 2-wire 
common-mode impedance is less than 51. 

The longitudinal suppression circuit output currents 
are generated by modulating dc current fed to the loop 
by the B1 and B2 current mirrors. This configuration 
avoids the increased power dissipation attributed to 
current mode loop drive because dc and longitudinal 
currents are not cumulatively sourced to the loop. 
However, driving common-mode currents through the 
B-circuit current mirrors in this manner limits the long- 
itudinal suppression capability. The suppression circuit 
is unable to reverse 2-wire current polarities to maintain 
a low-impedance termination when longitudinal cur- 
rents exceed the dc loop current. At low dc loop cur- 
rents, the common-mode signal capability, known as 
longitudinal capacity, is limited by the loop current (Fig- 
ure 6). At high-loop currents, longitudinal capacity is 
limited by the maximum voltage swing of the CC ter- 
minal and is therefore independent of dc loop current. 
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FIGURE 7 — BASIC SLIC CIRCUIT 
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The hook status control circuit supplies the bias cur- 
rents to activate the B-Circuit op amps and other sec- 
tions of the MC3419-1. To activate the bias currents, the 
control circuit compares the current through the sense 
resistors, RR and Rr, and the load resistance R; with 
the current through the hook status threshold program- 
ming resistor, Ry, by using outputs from both Ai and 
A2 mirrors. The A1 mirror output sources current to the 
Ry resistor. (This reduces all internal currents to near 
zero during the on-hook state in order to eliminate un- 
necessary power consumption.) If this current is large 
enough the voltage on the HST pin will trip an internal 
comparator, then another circuit compares the current 
from the A1 output with that of an A2 output. These 
currents must match within +15%. If so, HSO will be 
activated and the bias circuits will turn on provided the 
voltage on PDI is greater than — 1.2 V. The HSO pin can 
have either a pull-up resistor or a pull-down resistor 
and when activated it will switch to Vcc (0 volts). 

Once the MC3419-1 is powered up, a circuit with a 
gain of 20 feeds current to the Ry resistor in order to 
keep the bias circuitry active. (The sense resistors are 
paralleled with the Darlington transistors which reduces 
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the sense input currents.) Should the sense input cur- 
rents drop below one-twentieth of the required power- 
up current, the bias currents will be removed, forcing 
a power-down condition. 

Current mode analog signal processing is critically 
dependent on voltage to current conversion at the 
2-wire and 4-wire inputs. Precise, low-noise voltage 
sensing through resistors Rj, RR and Rrx requires 
quiet, low impedance terminations at terminals TSI, RS! 
and RXI respectively. For 2-wire signals, terminal Vgp 
isolates the loop-sensing resistors and current mirrors 
from noise at the high-current Veg terminal. External 
filtering from Vcc to Vqp ("quiet battery” terminal) 
ensures loop voltages are sensed without interference 
from system supply noise. Veg noise rejection at audio 
frequencies is typically 60 dB or greater. 

Receive input terminal RX| is referenced to the Vac 
terminal which references the 4-wire input to the 
“analog ground” of the 4-wire signal source, thus isolat- 
ing the input from power ground voltage transients. 
This isolation offers 70 dB of noise rejection at audio 
frequencies. 


SYSTEM EQUATIONS 


K1 — The current gain from Its; + IRs} to TXO only 
during an off-hook power-up condition. K1 = 1.02 + 
1%. . 

K2 — The current gain from RXI to the collectors of the 
off-chip Darlington transistors only during an off-hook 
power-up condition. K2 = 95 + 1%. 
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For simplicity, the following equations do not use K1 
or K2. Instead the actual numerical value is used, for 
instance (1 + K1K2) = 1 + 1.02 x 95 = 97.9 is approx- 
imately 98. 


R, — Loop resistance. This is a load resistance from Tip 
to Ring and can be either ac or dc depending on context. 
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LOOP CURRENT REGULATIONS 


FIGURE 8(a) 


FIGURE 9(a) 
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FIGURE 9(b) 
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SYSTEM EQUATIONS (continued) 


2, — Loop impedance. This is used only to connote a 
complex impedance loading on Tip and Ring. 


I, — Loop current. The dc current flow through R;. 


Re — De feed resistance. The synthesized resistance 
from which battery (Vcc and Vee) current is fed to R;. 
The battery feed resistance is balanced differential feed. 
See Figure 7. (This assumes Vogg = Veg.) The first order 
equation is: 
RR + Rr + 1200 
. 98 
Because of the diode voltage drops on TSI and RSI, the 
actual dc feed resistance is higher. The second order 
equation is: 
\Vopi(98 RL + RR + Rt + 1200 0) 
98 (|(Vopl —4.0 V) 


Re = (1) 


RF = - RL (2) 
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00 —__--— = Ne eH 
as HE 6 ST 
0 EC Coot Pe 
10 100 10k 10k 
RL, LOOP RESISTANCE () 
ignoring the effects of Ry 
_ \Vosl(RR + Rt + 1200 0) 
RF = "98 (Vogl 4.0 V) _ 
So: 
49RF (|\Vqp| — 4.0 V) 
RR = RT = ———_ - 600 (4) 
ieee \Vosl 


The minimum value for Rr and Rr is 5.0 kQ. 


The first order value of Re can not be greater than the 
desired value of the termination impedance (usually 
600 2 or 900 2). To achieve dc feed resistances that are 
greater, a resistor can be placed between Vag and Veg 
along with a filter capacitor Cqp which restores the 
desired termination impedance and filters power supply 
noise. A diode should also be placed between Vqp and 
Veg to prevent damage in case a catastrophic power 
supply failure occurs. 
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lvaB — This is the current that is sourced from the Vog 
pin and is proportional to the currents into and out of 
RSI and TSI. When the SLIC is in the off-hook power-up 
mode, lyqg is also proportional to I,. 


lvOB = 2.15 IRs; + 0.7 IT9; (5) 
lvaB = 0.029 IL (6) 


RFo — Dc feed resistance. The synthesized resistance 
from which battery current is fed to R,, see Figure 8. 
(This assumes Vqp is tied to Veg through a resistor 
Ros.) Ros synthesizes additional! dc feed resistance to 
the Rp value previously stated. 


When using Rap, the dc feed is effectively balance fed 
from Vcc and Vog instead of Ver. The sense resistors 
(RR and Ry) should be selected to make Re (first order) 
less than the termination impedance. 

\Vegl(98R_ + RR + RT + 1200 + 2.85RQp) 


RFQ = 98(|\VEE| — 4.0 V) 
(7) 
Ignoring R,, this simplifies to: 
_ Veel(RR + RT + 1200 + 2.85RQB) 
RFa = 98(|VeE| - 4.0 V) e 
Therefore: 
te 98RFQ(|VeE| —4.0 V) — |Veg\(RR + RT + 1200 0) 
sai 2.85|VEEI 
(9) 
Cop — Power supply noise filter capacitor. 
2.85 R + RR + Rr + 1200 0 
Cop = 9 OB I eee (10) 


2nf Rop (RR + Rt + 1200 2) 


Figure 9B shows Rap replaced with a current regulating 
device such as Motorola’s 1N5283 family. 


IcROB — The current that is sourced to a current reg- 
ulating device from the Vgg pin. When this current 
reaches the regulated value, the voltage differential be- 
tween V_eg and Vag increases causing the effective bat- 
tery voltage to decrease which limits |, to a maximum 
value as determined below: 


IL = 34.5 lcrop (11) 


The graph, Figure 9B, shows loop current versus loop 
resistance using several values of IcRqg. The closest 
current regulating diode part number to that value is 
also shown. A typical value for Cqgg in this case is 10 
mF, 60 Vdc. 

Figure 10 shows how power can be conserved on 
the shorter loop lengths by utilizing current limiting 
techniques. 

Overvoltage protection on the 2-wire port is achieved 
with the MDA220 diode bridge and the protection re- 
sistors Rpp and Rp7y. Whenever the voltage on the 
2-wire port exceeds the power supply rails (Vcc and 
Veg), the MDA220 diodes will forward bias and “clamp” 
to the rail voltage. The current is limited by the protec- 


FIGURE 10 — TOTAL SLIC POWER DISSIPATION 
versus LOOP RESISTANCE 
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tion resistors. These resistors should be as large in value 
as possible. However, if they are too large, they will 
interfere with the performance of the SLIC under worst 
case conditions. 


Rpt < Rq/196 -15 (12) 


Using the voltage of Vgp when I, is at its minimum off- 
hook value (Typ. 20 mA): 


Rpr < Rp/196 + 25|\Vee - Vapi —15 (13) 


The tolerance of these resistors is not critical due to 
placement inside a closed loop. Positive temperature 
co-efficient resistors (PTC) may be considered here. 
Consult resistor manufacturers for component selec- 
tions that will meet the surge current and peak voltage 
requirements. 

Because the MC3419-1 is a broadband device it re- 
quires compensation components to keep its circuits 
stable. 


Cr & Cy — Compensates the longitudinal gain of the 
A and the B circuit mirrors. Their values range from 
2000 pF to 5000 pF. 


Rc & Cc — Compensates the longitudinal ’’C”’ circuitry. 
Their values can be ratioed according to: 


Rc xCc = RT xCr. (14) 


Two off-chip power Darlington transistors are used 
with the MC3419-1. These transistors reduce any tem- 
perature gradiant problems with the precision matched 
devices on-chip and they alleviate thermal stress con- 
ditions that could occur for every on-hook and off-hook 
transition. The power dissipation in these devices is: 


Por = I.2(R7/98 — Rpr — 4) + (2.0ViL (18) 
Por = IL (|Vee] — 2 — IL(R7/98 + RL + Rpp + 16)) (16) 


where |, = 
designs. 


\VEEI/RFEQ or I_(max) in current limited 
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SYSTEM EQUATIONS (continued) 


Ry — The resistor that determines the hook status 
threshold values of Ry. Ry is selected from a graph of 
‘the following two equations: 


Off-hook threshold 


= 6(RL + Rr + Rt) 
On-hook threshold 
Ry = 27.25 [RL + 0.01(RR + Rq)] (18) 


FIGURE 11 — HOOK STATUS oe | 
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Figure 11 shows such a graph using 17.4 kf as the 
values for Rr and Rr. Note the oscillatory condition to 
the right of the crossing point. Selection of Ry in this 
region is usually not a problem since the majority of 
telephone lines do not fall into this resistance range. Ry 
always ties to Vag and HST and will give reliable hook 
status information regardiess of power supply voltages 
and PDI. 


Ro — Termination impedance of the 2-wire port. This 
impedance is greater than the dc feed resistance Rr 
because of a current splitting network in the feedback 
loop, Rtx4 and Rt x9. 

K3 — A constant, formed by Rt x4 and RTX2) between 


0 and 1, which determines the ratio of the first order 


value of Re to Ro. 
RR + RT + 1200 0 


nO 1 + 97K3 (19) 
So: ; 
_ RR + Rt + 12000 ~ Ro 
K3 = a7Ro (20) 
and 
K3 = RTX2 + Zin (21) 


RTx1 + Rtx2 + Zin 


Zin — The input impedance of the current to voltage 
converter op amp. This impedance is usually negligible, 
it can be used to sway the selection of a 1% component 
value. 


(17) 
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(RR + Rt + 12000) Gtx — Rytx 
1020 (1 — K3) ~ 4000 


Rtx1— Feeds most of the TXO dc current to the RX! 
pin. To keep TXO from saturation the maximum value 
of RTx7 Is as follows: 


(RR + Rt + 1200 9) (|\Vqpimin — |Vagimax — 6.5 V) 


an \Vopimin — 5.4V 
(23) 
Where: 
= 1200 2) (\Veg|min —4 
eelmin see ee ein 8 


(RR + Rt + 12009 + 2.8 Rog) 


or if a current regulator diode is used: 


\Vacimax — 3.9 V 
(25) 


It is beneficial to make R74 as large as possible. Typical 
values range from 15 k to 24 kQ. 


0.01 I, (max) (RR + Ry + 600 Q) - 


R 
TAUS 0.01 IL (max) 


K3R 
Rtx2 = Xl (26) 


Re + Rt + 12000 
7RTX2 


Gtx — The voltage gain from the 2-wire port to VTx 
which is adjustable by RyT x. 


... _ 1.02 (1 — K3) Rytx 
STX = RES Ry + 1200 0 


CTx = The result is in uF. (27) 


(28) 


Grx(RR + Rt + 1200 0) 
1.02 (1 — K3) © 


Grx — The voltage gain from the Vpyx input to the 2- 
wire port which is adjustable by Rrx. 


—95 Ry (RR + RT + 1200 2) 


RvTXx = (29) 


GRX = RaxTiAR + Ry + 1200) + Rit + 97Ka} 90) 
| Grx = SR (31) 
CRx > hace (33) 


Where f is the minimum passband frequency, usually 
200 Hz. 


Transhybrid Rejection — The voltage gain from Vpx to 
Vt x. It is expressed in dB, the number should be neg- 
ative and the larger the value the better. Transhybrid 
rejection is achieved by summing a current from the 
Vrx input (Rg) with the TXO current that flows to the 
current to voltage converter. Rg balances a resistive 
load, R,. 


_ Rrax(1 + 97K3) (Ro + Ry) 


97R, (1—K3) a 
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FIGURE 12 — BALANCE NETWORK FOR CAPACITIVE LINES 






MJE271 


i 


RRx CRx 


k-——————_[_] vex 





FIGURE 13 — BALANCE NETWORK FOR COMPLEX LOAD IMPEDANCES 





When the 2-wire port has a parallel R and C load, then 
(see Figure 12): 


Rrax(RR + Rt + 1200 9) 


Rb1 = Q7RL (1 — K3) 137) 
_ Rrx(RR + RT + 1200 9) 
Rb2 = 97RO(1 — K3) 38) 
— Rec 
Ch = Ra (39) 


When it is desirable to balance complex load imped- 


ZBL 
RvtX 


>to» 


To scale Zp to its maximum values 


Rrx (1 + 97K3) 
194 (1 — K3) 


RTX1 


= 
| 
| 
| 
| 
| 
| 
| 
| 
is 
+ 


RTX2 Crx 


Rb1 = Rp2 = 


— Rot 
Zp = 2Ro tt 


ances using component values that are equal to the 
load values (see Figure 13) then: 


_ Rpx(1 + 97K3) 
Rb1 = ~ 4947 Ka) 


| 1 
, || Rax(t + 97K3))°_RoRaxit + 97K3) 
194(1 — K3) 97(1 — K3) 
Rrx(1 + 97K3) 
Rb2 = ae —Rp1 (41) 
2b = 2L (42) 


Ri and Rpg values are interchangeable. 
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SYSTEM EQUATIONS (continued) 


The Tip and Ring Sense Output currents are propor- 
tional to the currents out of and into TSI and RSI, 
respectively. 


| 
Itso = 13 (43) 
| . : 
IRSO = SI (44) 


_ MTip — Vecl -20V, 
Irso 6 (Ry + 600 0) for VTip < Vcc (45) 


_ Ring — Vopl -2.0V 

Digital interfacing to the MC3419-1 PDI pin and the 
HSO pin is shown in Figures 14a, 14b and 14c. If the PDI 
pin is not used it should be terminated to Vcc and if 
HSO is not used, it can be left open. 


Figure 15 is an application circuit showing solid state 
ringing insertion using an MOC3030 zero-crossing de- 
tector optocoupled triac to replace the conventional 
electromechanical relay. This device inserts the ringing 
signal on a zero voltage crossing which eliminates noise 
in adjacent cable pairs and removes the signal on a zero 
current crossing which eliminates inductive voltage 
spikes that commonly destroy relay contacts. The ring- 
ing generator provides a continuous 40 V to 120 V RMS 
signal from 15 to 66 Hz superimposed upon 
~ 48 Vdc. Ringing cadencing is inserted with the Ring 
Enable Input. The 2N6558 and MPSA42 replace the 
MJE270 for systems that use ringing generator voltages 
greater than 70 Vans. The MDA220 diode bridge is 
replaced with a series 1N4007 on the Tip lead and a 
shunting 1N4004 to Veg and to allow ringing voltage 


FIGURE 14 — INTERFACE-TO-DIGITAL LOGIC 


Vcc 


MC14xxx 


oe MC14xxx 

PDI HSO i 

MC3419 eteaaie 
MC74HCxxx 


-48V 


(a) 
interface-to-Negative 
Supply CMOS Logic 


MC74LSxxx 
“or 
MC74HCxxx 


MC14xxx 


MC3419-1 
VEE 


-48V 


(c) : 
Interface-to-Positive Supply CMOS Logic 





2-58 


6S-¢ 


FIGURE 15 — PBX LINE CIRCUIT 
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SYSTEM EQUATIONS (continued) 


on the Ring lead to exceed the power supply voltages, 
a 1N4007 and an MK1V-135 (Sidac) are used for pro- 


tection. The forward voltage drop across the 1N4007, . 


during normal operation, will not affect the parametric 
characteristics of the MC3419-1 since it is “inside” a 
feedback circuit. If the MJE270 is used, the MK1V-135 
should be replaced with a lower voltage Sidac or 
MoSorb transient suppressor. 


An optocoupled transistor circuit is used for ring trip. 


detection on long lines. It samples only the ac and dc 
ringing signal current and uses a simple one pole filter 
‘to eliminate the low level ac signal. Under worst case 
conditions this circuit will ring trip in 1% to 4 cycles. In 
systems serving only short loops (<700 2), if Rg and 
Rg are 620 1 or greater, the optotransistor circuit is 
not needed, the Hook Status Output will perform ring 
trip on a Zero Crossing. The Ring Enable input and the 


Specifications 


RF | — 2000 Ro — 600 1 

IL(max) — 60 mA Rx Gain —0OdB 
200-3400 Hz 

Ri(max) — 190092 Tx Gain —0dB 
200-3400 Hz 

Parts List 

MPSA56 RR _ 9.09k 1% Matched 

2N3905 RT — 9.09k 1% if desired 

2N6558 RpeT — 47Q 5%. 

MPSA42 RpR o — 75Q 5% 

MJE271 RG1 _ 6202 5% 

1N4007 Rg2 = 1002 5% 

MK1V135 Re _ 9192 5% 

1N4007 RE2 _ 3.0k 5% 

1N4007 RRT — 20k 5% 

1N5303 Rc — 24k 5% 

1N4004 RH — 127 k 1-3% 


MC3419-1 =RHSO — 10k 5% 


LONG LINES OFF-P 


Hook Status Output interface with standard CMOS and 
TTL logic. 


The op amp in this circuit is an integral part of the 
following codecs, filters or. combos: 


MC3417/8 — MC145414 
MC14404/6/7 — MC14413/4 
MC14401/2/3/5 


For further applications information such as: 


— 24 volt PBX circuit 

— 2-wire differential to 2-wire unbalanced SLIC 
— Constant current battery feed 

— Per line ringing cadencing circuit 

— Message waiting lamp 

— Transfer button detection 

— etc. . 


Please contact your loca! Motorola sales office. 


REMISE LINES 


SHORT LINES ON-PREMISE LINES 


Specifications | 

Re — 5009 
Ri(max) _ 700 

Ring Trip _ <50 ms 
Ringer Equivalent _ 2.5 

Ro — 6000 

Parts List 

MJE271 RR — 19.6k 1% 
MJE270 RT — 19.6k 1% 
MPSA56 RG1 — 6200 5% 
2N3905 Rg2 — 6200 5% 
1N4007 Rey —_ 919 5% 
1N4007 Re2 _— 30k 5% 


MC3419C-1 RH 330k 5% 


Off-Hook — <25009 VLogic — +5.0V 
On-Hook — >10kQ Veg — -42to -—56 
Volts 
Protection — 1000 V VRinging — (40 V to 120 
VRMS) + VEE 
. Ringer Equivalent — 5 
MOC3030 RT™1 — 12.1k 1% 
4N25 RTs2. — 5.76k 1% 
RRX — 28.7k 1% 
Rp _ 28.0k 1% 
RV™X — 28.6k 1% 
Cr: 0.004 uF 
Cr _ 0.004 uF 
Cc _ 0.001 uF 
Crx — 1.0 wF/20 V 
Ctx — 2.0 »F/40 V 
Cet — 20 wF/5.0 V 
Cop — 10 uF/60 V 
Rx Gain — -5.0 dB 
Tx Gain _ 0 dB 
VLogic =— +5.0 Volts 
VEE _ - 20 to — 56 Volts 
MOC3030 RHso — 10k 5% 
RT™1 — 19.6k 1% 
Cr — 0.004 uF RTX2 — 42.2k 1% 
Cr — 0.004 uF RRX — 69.8k 1% 
Cc — 0.004 uF Rp _ 301k 1% 
Crx — 0.1 uF RVT™X — 127k 1% 
Crx — 05 wr Rc _ 56k 5% 


MC34F19 
(AA) MOTOROLA MC34F19A 


Advance Information 
SUBSCRIBER LOOP 


TELEPHONE LINE FEED AND 2- TO 4-WIRE INTERFACE CIRCUIT 
CONVERSION CIRCUIT (SLIC) 


BIPOLAR THIN-FILM 


. designed t lace the hybrid. transf ircuit in Central 
signed to replace the hybrid: transformer circuit in Centra INTEGRATED CIRCUIT 


Office, PABX and Subscriber carrier equipment, providing signal 
separation for two-wire differential to four-wire single-ended con- 
versions and suppression of longitudinal signals at the two-wire 
input. It provides dc line current for powering the telset, operating 
from up to a 56 V supply. 


@ All Key Parameters Externally Programmable 


e Current Sensing Outputs Monitor Status of Both Tip and Ring 
Leads 


On-Hook Power Below 5.0 mW 

Digital Hook Status Output 

Power Down Input 

Ground Fault Protection 

Size and Weight Reduction Over Conventional Approaches L SUFFIX 


The sale of this product is licensed under patent No. 4,004,109. ae ae 
All royalties related to this patent are included in the unit price. 6- 





FUNCTIONAL BLOCK DIAGRAM 


Analog Ground 


Receive Input 


Balance 
Netw 


Transmit 
Output 





This document contains information on a new product. Specifications and information herein 
are subject to change without notice. 
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MAXIMUM RATINGS 


Vas VEEW1 
Sense Current . Tsp IRS! 
100 
200 


Steady State 
Pulse — Figure 4 
Storage Temperature Range . -65 to + 150 
Operating Junction Temperature Ty 150 i 6 
(0jA = 100°C/W Typ) ; 
| OPERATING CONDITIONS 
Operating Ambient Ta 0 to +70 °C 
Temperature Range 
20 to 120 


Voltage VEE -20 to —56 Vde 
VaB — 20 to VEE 
Analog Ground VAG .  Mde 


(IL = 0 to 60 mA” Oto -12 
(IL = 0 to 120 mA) | -2.5to -12 


Supervisory Output Voltage Verso, VTSso. 
VHSO 


PIN DESCRIPTIONS 







PIN CONNECTIONS 






















Vcc 
BP & BN 


TSI & RSI 


VEE Is the most negative supply voltage. 


Vas 
HST 















The most positive supply voltage. This point is Earth Ground in most typical applications. 







Are the base drive outputs for the PNP and NPN Darlington transistors. 
Are loop current sensing inputs and are connected to the emitter of the PNP & NPN Darlington transistors. 










Are the tip and ring current sensing inputs. They are low impedance inputs (approximately 600 1 each) that 
translate the voltage on tip and ring to 4 current through Resistors RT and Rr. 

















Compensation capacitor input. 





Is the quiet battery connection. The voltage on this pin must not go more negative than Veg. 


Hook Status Threshold programming resistor input pin. This pin programs the value of loop resistance 
which determines on-hook or off-hook status. 


Ring Sense current Output. This output reflects the status of the Ring terminal. The current is sourced from 
this output and is one-sixth IRs). 


TSO Tip Sense current Output. This output reflects the status of the Tip terminal. The current is sourced from 
this output and is one-sixth ITs). 







Hook Status Output. This is a digital output (open collector PNP) that sources current when the loop 
resistance is less than the threshold resistance value set by Ry. 


Power-Down Input pin. A logic level ‘‘0’”’ powers down the MC34F19. 


Transmit current output. This output sinks current proportional to Its; + IRs). 


Receive input. This input sums the currents from the TX output and signal input. This pin has a low input 


impedance. 


VAG Analog ground reference supply voltage input. | 
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ELECTRICAL CHARACTERISTICS (Vege = - 48 V, Vag = -48V, Vac = —6.0V, RL = 900 2, Ta = 25°C unless otherwise 
noted.) 


Transhybrid Gain Variation (1.0 kHz @ 0 dBm Input) VTX/VL, 
Transmission/Reception Vi/VRx 


Transhybrid Rejection (1.0 kHz @ 0 dBm Input) 
Fixed (1%) Resistor Balance Network 
Trimmed Balance Network 


Level Linearity (— 48 to +3.0 dBm, referenced to 
output @ 1.0 kHz @ 0 dBm) 
Transmission 
Reception 





Frequency Response (200-3400 Hz, referenced to 
output W 1.0 kHz @ 0 dBm) 
Transmission 
Reception 


Total Distortion VL/VRXx — 60 
C-Message Filtered mee ee ae 
Idle Channel Noise 


Termination Resistance Tolerance @ 1.0 kHz | +50 | 0 


Longitudinal Induction — 60 Hz dBrncO 
(IL = 30 to 100 mA, ILON = 35 mA RMS) 


Longitudinal Balance VTx/VLON 
MC34F19 (200-3000 Hz) — 45 
MC34F19A (200-1000 Hz) = 50 
MC34F19A (3000 Hz) 


Propagation Delay Tp, Vax to Vi 
aoe a to ITx 


Power Dissipation | Power Dissipation (RL >100MQ) = sd > 100 MQ) 


Supply Current — On-Hook 
(Vee = Vop = —56V, Rt > 100 MM) 
Power Supply Noise Rejection (1.0 kHz @ 1.0 V RMS) | 3 | VtXvee _| VTx/Vee 
Quiet Battery Noise Rejection (1.0 kHz @ 1.0 V RMS) ae ll VTx’/Vab —#2#}++++}-2—- 


Sense Current 

Tip TSOTSI 

Ring IRSORSI 
Fault Currents — On-Hook 

Tip to Vcc 

Ring to Vcc 

Tip to Ring 

Tip & Ring to Vcc 


Analog Ground Current 


Power Down Logic Levels 


Hook Status Output Current 
(RL < 2.5 kQ, PDI = Logic 1) 
(RL > 10 kQ, or PDI = Logic 0) 
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~ FUNCTIONAL DESCRIPTION 


Referring to the functional block diagram, line- 
sensing resistors at TSI and RSI convert voltages at the 
Tip and Ring terminals into currents which are fed into 
current mirrors* Ai and A2. The output of A1 is mirrored 
by A3 and summed together with an output of A2 at 
the TX terminal. Thus, a differential to single-ended con- 
version is performed from the ac line signals to the TX 
output. 

All the dc current at the TX output is fed back through 
the RX terminal to the B1 mirror input. The inputs to B1 
and B2 are made equal by mirroring the B1 input current 
to the B2 input through a low gain output (x1) of the B1 
mirror. Both B1 and B2 mirrors have high gain outputs 
(x95) which drive the subscriber lines with balanced 
currents that are equal in amplitude and 180° out of 
phase. The feedback from the TX output, through the 
B-Circuit mirrors, to the subscriber line produces a dc 
feed resistance significantly less than the loop sensing 
resistors. 

In most line-interface systems, the ac termination 
impedance is desired to be greater than the dc feed 
impedance. A differential ac generator on the subscriber 
loop would be terminated by the dc feed impedance if 
the total ac current at the TX output were returned to 
the B1 input along with the dc current. Instead, the 
MC34F19 system diverts part of the ac current from the 
B-Circuit mirrors. This decreases the ac feedback cur- 
rent, causing the ac termination impedance at the line 
interface to be greater than the dc feed impedance. 

The ac current that is diverted from the B1 mirror 
input is coupled to a current-to-voltage converter circuit 
that has a low input impedance. This circuit consists of 
an op amp and a feedback resistor external to the 
MC34F19 which produce the transmit output at the 
4-wire interface. The transhybrid transmission gain is 
programmed by the op amp feedback resistor. 

Transhybrid reception is realized by converting the 
ac coupled receive input voltage to a current through 
an external resistor at the low impedance RX terminal. 
This current is summed at RX with the dc and ac feed- 
back current from the A-Circuit mirror and drives the 
B1 mirror input. The B-Circuit mirror outputs drive the 
line with balanced ac current proportional to the receive 
input voltage. The transhybrid reception gain is pro- 
grammed by the resistor at the RX input. 

Since receive input signals are transmitted through 
the MC34F19 to the 2-wire port, and the 2-wire port 
signals are returned to the 4-wire transmit output, a 
means of cancellation must be provided to maintain 
4-wire signal separation (transhybrid rejection). Can- 
cellation is complicated because the gain from the 
receive port to the transmit port depends on the imped- 
ance of the subscriber loop. A passive ‘“‘balance net- 
work’ is used to achieve transhybrid rejection by can- 
celling, at the low impedance input to the transmit op 
amp, the current reflected by the loop impedance to the 
4-wire transmit output. For a resistive loop impedance, 
a single resistor provides the cancellation. For reactive 
loops, the balance network should be reactive. 
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Longitudinal (common-mode) currents that may be 
present on the subscriber lines are suppressed in the 
MC34F19 by two methods. The first mode of suppres- 
sion is inherent in the mirror configuration. Positive- 
going longitudinal currents into Tip and Ring create 
common-mode voltages that cause a decreasing cur- 
rent through the Tip Sensing resistor and an increasing 
current through the Ring Sensing resistor. When these 
equal and opposite signal currents are reflected through 
the A-Circuit and summed together at TX, the total cur- 
rent at TX remains unchanged. Therefore, the ac cur- 
rents due to the common-mode signals are cancelled 
before reaching the transmit output. 

The second longitudinal suppression method is dom- 
inant, since it limits the amplitude of common-mode 
voltages that appear at the Tip and Ring terminals. 
Through an error-detecting circuit, the input of which 
is a difference current between outputs of A1 and A2, 
the impedance at Tip and Ring to longitudinal currents 
is kept very low. This is accomplished with a high gain 
C-Circuit which produces B1 and B2 output currents that 
are equal and in phase to cancel the longitudinal line 
currents. Operation of this circuit does not affect the dc 
line-current or the processing of normal differential line 
signals. 

The hook-status control circuit supplies the bias cur- 
rents to activate the B-Circuit op amps and other sec- 
tions of the MC34F19. If the PDI pin is a logic ‘‘one,” 
the control circuit senses two outputs from the A1 and 
A2 mirrors. If both of these output currents are greater 
than the preprogrammed current at the HST terminal, 
the control circuit supplies currents to power up the 
SLIC, At the same time it activates a digital status out- 
put, HSO. 

In addition to the digital hook status output, the con- 

dition of Tip and Ring can be monitored at the TSO and 
RSO outputs of the MC34F19. These outputs source cur- 
rents proportional to the TSI and RSI input currents 
respectively, and operate independently of the PDI logic 
input. . 
The MC34F 19 has two negative battery terminals. Veg 
supplies the high current through the B2 mirror to drive 
the line. B2 has a high output impedance and battery 
noise will not be coupled to the line from the Veg ter- 
minal. However, Vap is quite sensitive to noise, since 
the line-sensing resistor is referenced to this pin 
through the A2 mirror, and should be bypassed with a 
filter network to guarantee a high rejection of battery 
noise. 

The VAG input also plays a key role in reducing 
power-supply related noise that can occur when the 
MC34F19 system is coupled to a switching system. The 
analog ground isolates the 4-wire receive and transmit 
signal paths from noise on the system power ground 
by establishing a common ac signal reference. 


*A current mirror is a circuit which behaves as a current controlled, 
current source. It has a single low-impedance input terminal and one 
or more high impedance outputs. 


MC34F19, MC34F19A 


FIGURE 1 — AC TEST CIRCUIT 
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FIGURE 2 — LONGITUDINAL BALANCE TEST CIRCUIT 
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FIGURE 3 — SUPPLY NOISE REJECTION TEST CIRCUIT 
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FIGURE 5 — QUIET BATTERY 
versus LOOP CURRENT FIGURE 6 — LONGITUDINAL CAPACITY 

















lapimA) = 0.25 + 0.0285 I 


Iqgg. QUIET BATTERY CURRENT (mA) 





ton. 60 Hz PEAK LONGITUDINAL CURRENT (mA) 


20 40 60 80 100 0 20 40 60 80 100 
I, LOOP CURRENT (inA) (See Figure 3) IL, DC LOOP CURRENT (mA) 
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APPLICATIONS INFORMATION 


The Motorola Subscriber Loop Interface Circuit (SLIC) 
is comprised of a bipolar laser-trimmed integrated cir- 
cuit, MC34F19, two complimentary Darlington power 
transistors, MJE270 and 271, a bridge rectifier, MDA220, 
ten resistors, and five capacitors, as shown in Figure 7. 
The op amp providing the Vtx output may be a separate 
component or may be one of the two op amps included 
in the MC14413 or MC14414 PCM filter packages. The 
circuit of Figure 7 will provide: . 

Adjustable resistive dc power feed 

Adjustable maximum loop range 

Adjustable ac termination impedance 

2-wire balanced to 4-wire single ended conversion 

Adjustable transmit and receive gains 

Independent transhybrid null | 

Ring-to-ground, Tip-to-ground, and Ring- and Tip-to- 

ground fault current limiting (2.5 mA) 

Rejection of longitudinal or common mode interfer- 

ence from dc to greater than 4.0 kHz 

1500 volt secondary lightning transient protection 

Temporary power-line fault protection 

On-hook power-down (less than 10 mW) 

Floating 4-wire common input for noise rejection 

Hook-status output signal 

Power-down control for subscriber service denial 

Continuous Tip and Ring status monitoring outputs 

Wide battery range (20 V to 56 V) 


In addition, the SLIC can provide the following optional 
features: 


Constant current battery feed 
Current limiting battery feed 
Battery noise suppression 
Adjustable frequency response 


DC Characteristics 

When the telephone is on-hook, the Tip and Ring ter- 
minals of the SLIC are essentially open and the MC34F19 
is in a quiescent state. In this condition, current is being 
supplied to the line only through Rr and RT and power 
dissipation in the MC34F19 is limited primarily to leak- 
age currents. 

In the off-hook state, the MC34F19 powers itself up 
and provides current to the line. The off-hook dc feed 
resistance with which the SLIC drives the line is given 
by 


ae = a+ RT + 1200)|VgBl 
aa 98 (\VoBl—4) 


The v alues of Rr and Rt can be derived from equa- 
tion (1) to provide the desired dc feed resistance once 
Vas is known. 


= py = 48 Wopl-4) RE _ E09 


(1) 


Rr (2) 


FIGURE 7 — SLIC CIRCUIT 


MDA220 
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VaBl 
Gnd 
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-48 V 


MC34F19, MC34F19A 


The line-feed current flows between ground and V_eg; 
however, the control electronics is referenced to Vag 
and ground. Therefore, the dc feed resistance appears 
to be referenced to Vqg and ground. 

The matching of Rr and RT is critical to a number of 
ac performance parameters as shown in Figures 8, 9 


FIGURE 8 — RETURN LOSS versus TIP/RING 
RESISTOR MISMATCH 
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FIGURE 9 — TRANSHYBRID REJECTION versus 
TIP/RING RESISTOR MISMATCH 
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Power dissipation on short loops can be significantly 
reduced by either of two methods of current limiting. 
The dc feed resistance Rr is shown in equation (1) to 
be a function of Vag as well as Rt and Rr. The current 
lop from the Vqgg pin is proportional to loop current. 
Therefore, a resistor Rop placed between the Vqp pin 
and Veg supply will reduce the Vgp supply voltage as 
the loop current increases. This slightly increases the 
value of Rf while at the same time reducing the effective 
value of the battery voltage, thereby limiting loop cur- 
rent. Figure 11 can be used to determine the value of 
Roe that will yield the desired maximum loop current. 
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and 10. One percent tolerance or better is recommended 
for these resistors. In addition, these resistors must 
withstand any voltage transients on the line. Resistors 
able to withstand voltage transients of 1000 V or more 
are recommended. 


FIGURE 10 — IMPEDANCE BALANCE versus 
TIP/RING RESISTOR MISMATCH 
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FIGURE 11 — LOOP CURRENT versus 
LOOP RESISTANCE 
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Figure 20 shows how a current regulator device can 
be used in place of Rag to provide a constant current 
line-feed characteristic up to the loop resistance where 
the constant current equals the resistive feed current. 
At that point, the line-feed will appear resistive. Typical 
current regulator values for various loop currents are 
shown in Figure 12. The Motorola 1N5283 series of cur- 
rent regulator diodes are recommended. The current 
sourced to the current regulator diode in the off-hook 
mode is: 


log = 0.0285 | + 0.25 + Most —* 
IL in MA, Ry in. kQ 


3(a) 
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FIGURE 12 — LOOP CURRENT REGULATION 
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FIGURE 14 — HOOK STATUS DETECTION 
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In the on-hook mode the current is: 
lop = 2.15 IRs; + 0.7 ITs| 3(b) 


Figure 13 is a graph of SLIC power dissipation for 
both 400 2 resistive battery feed and constant current 
battery feed, (or current limiting) showing the power 
savings of constant current techniques. 

Either Rap or the current regulator diode and a ca- 
pacitor to Vcc provide an effective means of filtering 
any noise on the Veg line and prevent it from reaching 
the Vag pin. ae 

The loop resistances which the SLIC recognizes as 
on-hook and off-hook are determined by Ry. 


Ry (On-Hook) = 0.17 Ry — (RR + RT) 
R, (Off-Hook) < 0.011 Ry — 0.010 (RR + RT) 


The value of Ry can be selected from Figure 14. All 
loop resistances below the shaded area at the point 
where Ry was selected are recognized as off-hook. All 
loop resistances above the shaded area at the value of 
Ry are recognized as on-hook. The shaded area rep- 
resented an undefined region where the hook status 
output may indicate either on-hook or off-hook due to 
element tolerances and comparator hysteresis. 


4a) 
4(b) 
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FIGURE 13 — TOTAL SLIC POWER DISSIPATION 
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Transient Protection 

The SLIC shown in Figure 7 will withstand positive or 
negative voltage transients on Tip and Ring up to 1500 
Vpeak having the waveshape shown in Figure 15. The 
resistors Rpt, Rpr, Rt, and Rr must be chosen to with- 
stand such a voltage transient without arching across 
or failing due to the resulting current surge. The values 
of Rpt and Rpr should be between 30 and 50 . Tol- 
erance of 20% is adequate. The values of RT and Rr are 
determined per equation (2). The peak currents at RSI 
and TS! should not exceed 200 mA during these tran- 
sients. . 

The circuit of Figure 7 will also withstand crosses to 
ac power lines of up to 700 Vryms for 11 cycles of the 
60 Hz line per REA Form 522a. The ability to withstand 
continuous power-line crosses is determined mainly by 
the power handling ability of Rpt, Rpr, Rt, and Rr. The 
circuit wiring to the MDA220 diode bridge must be ad- 
equate to handle the large voltages and currents caused 
by transients, as well. 


None of the pins on the MC34F19 should be operated 
more positive than Vcc or more negative than Veg. 
However, under transient conditions, EP and BP may 
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go up to one volt more positive than Vcc and BN, EN, 
and Vgp may go up to one volt more negative than 
VEE without permanent damage to the MC34F19. When 
a capacitor is used on the Vgp pin in conjunction with 
Rap, a 1N4001 or similar diode is recommended be- 
tween Veg and Vag. The diode cathode should be con- 
nected to Vog. For single short transients of less than 
one millisecond, EP and BP may exceed Vcc and EN 
and BN may exceed Veg by up to 30 V. 


Transmission Characteristics 

The ac termination impedance Ro of the SLIC is de- 
termined by Rt, Rr, and the ratio of RTx2 to RTx1. 
Rr + RR + 1200 


Ro = TF 97Ks 2) 
RTX2 
K5 = (6) 
> RTx2 + RTX1 


The required value of Ks is derived from equation (5) 
after choosing Ro. 
-4| 


The value of Rtx 1 must be selected first to assure that 
the internal current mirrors in the MC34F19 do not sat- 
urate at the minimum voltage provided at Vgp. The 
value of Rtx 41 is determined by: 


RTXx1 


_ (RR + Rt + 1200)(|\Vgpi min —|Vagl max — 6.5) 
7 Vapi min — 5.4 (a) 


If current limiting or constant current-feed is used 
where the minimum value of Vgg may not be known, 
RTx1 is found by: 

RTX1 


_ 0.01 Li(max)(RR + Rr + 600) — [VaGlimax) — 3.9 


0.01 IL(max) (9) 


The value of RTx2 may be derived from equation (6). 
K5RTX1 

1-K5 
Transhybrid reception gain (GrRx) from VRx to Tip and 
Ring is given by: 


K5 = (7) 


1-| Ry + RR + 1200 
97 Ro 


RTx2 = (10) 


95 Ri Ro 


—— Ei 11 
(RL + Ro) RRx ws 


GRx = 


The value of Rrx may be calculated to provide the de- 
sired Grx for a given Ro and R_. 
95 Ru Ro 

(RL + Ro) Grx 
Transhybrid transmission gain (GT x) from Tip and Ring 
to VTx is given by: 

1.02 Rytx (1 —Ks) 
Rr + Rt + 1200 


RrRx = (12) 


GTX = (13) 
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REJECTION (dB) 


The value of RyTx may be calculated to provide the 
desired GT x. 


(Rr + Rt + 1200) Gtx 


1.02 (1 —Ks) Sa 


RVTX = 
Transhybrid rejection is achieved with the SLIC by tak- 
ing advantage of the 180° phase reversal of the current 
at the TX pin with respect to the Vrx input. A balance 
resistor, Rp, is placed between the Vrx input and the 
virtual ground point between Cyx and RT x9. The value 
of this resistor is selected to exactly cancel out the return 
current from the TX pin and is determined by: 


ag — RRX(1 + 97K5)(Ro + Ry) 
B™ 97(1—Ks)(R1) 


Maximum rejection will only occur at one value of Ry 
across Tip and Ring, as shown in Figure 16, for a given 
value of Rg. Figure 16 shows that more than one value 
of Rg may be required to provide adequate rejection 
.over wide ranges of loop resistance. 


(15) 


FIGURE 16 — TRANSHYBRID REJECTION 
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Maximum rejection on a line that is reactive can be 
obtained with the circuit shown in Figure 17. This will 
balance any capacitive load on the line, where 


Rrx(RrR + Rt + 1200) 


= 16 
RB1 97 Ri (1—Ks) Ne 
Rax(RR + Rt + 1200) 
= SEX 17 
RB2 97 Ro (1—Ks) ek 
Re Ci 
Ca = et (18) 
: RB2 , 


Signaling and Supervision 

The PDI function shuts off all power to the subscriber 
with the exception of the small current provided by Rr 
and Ry. The power-down state occurs when a logic low- 
level, any voltage more negative than Vcc — 4.0 V but 
not exceeding —20 V, is applied to the PDI pin. 
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FIGURE 17 — BALANCE NETWORK FOR REACTIVE LINES 


The PDI pin is designed to be TTL compatible if the 
logic power supplies are 0 V and —5.0 V. It is also com- 
patible with CMOS powered from 0 V and —12 V sup- 
plies, otherwise a level-shifter is required. If the power- 
down feature is not desired, this pin can be tied to Vcc. 

Hook status is indicated by the presence or absence 
of current at the Hook Status Output (HSO). On-hook 
status is indicated by no current output at HSO. When 
an off-hook condition is detected by the MC34F19, the 
HSO pin sources a dc current of at least 200 yA. A re- 
sistor can be used to translate the current into a voltage 
for further processing by the digital logic. This pin also 
passes dial pulse information. If the PDI pin is at a logic 
low level, HSO is inactive. 

Figures 18 (a), 18 (b), and 18 (c) show suggestions for 
interfacing with various digital logic levels. 

The Tip Sense Output (TSO) and the Ring Sense Out- 
put (RSO) both source current that is proportional to 
the current that flows into and out of their respective 
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inputs — the Tip Sense Input (TSI) and Ring Sense Input 
(RSI). The output currents are Ye that of the input cur- 
rents. These outputs may be used as full time monitors 
of the line condition since they remain active even if the 
MC34F19 is in the power-down state. Figure 19 shows 
how these outputs can be used for the ring-trip function 
and ring-fault indicator. | 

Ringing is the last function to describe on Figure 19. 
There are several ways of inserting the ringing signals 
on a line, any one of which the SLIC can be adapted to. 
Figure 19 shows one method. 

When the ringing relay is enabled, the ring side of the 
SLIC is disconnected. The tip side of the line is con- 
nected to a grounded resistor (RGj) to provide a com- 
plete signal path for the ring generator signal. While 
the phone is on-hook, the ringing signal is capacitively 
coupled to the tip line through the high impedance of 
the bell ringer and a capacitor in the phone. The dc 
currents are low and therefore the dc voltage drop 
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FIGURE 18 — INTERFACE-TO-DIGITAL LOGIC 


(a) 
Interface-to-CMOS 
Using a Negative Supply 


across RG 7 is low. When the subscriber goes off-hook, 
the impedance of the phone drops to a few hundred 0 
of dc resistance and RG} gets a large dc current along 
with a large ac current. The sensing resistor (RT) will 
sense this change and the TSO output of the MC34F19 
will also reflect this change by an increased voltage drop 
on the RTs resistor. The capacitor (CTs) will filter the 
ac component of the signal. A comparator can now be 
used to determine the hook status and disable the ring 
delay. 


Design Example 
This example will illustrate the design procedure for 
a SLIC to meet the following specifications: 


VEE = —48V + 6.0V 

VAG = —6.0V+1.0V 

400 12 resistive dc feed 

Current limiting at 60 mA 

Maximum loop resistance of 2500 
900 | ac termination resistance 
Transmit gain of 0 dB 

Receive gain of 0 dB 

Balanced for 600 1) line resistance 


The VqgG supply will be derived from the —48 V Veg 
supply through a 1N5305 current regulator diode to pro- 
vide loop current limiting at 60 mA. The voltage drop 
across the 1N5305 is less than 2.0 V until it reaches 


(b) 


Interface-to-CMOS 
Using a Positive Supply 
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(c) 
Interface-to-TTL/LS 
Using +5.0 V for Vcc 


regulation and may be ignored in the calculation of Rt 

and Rr. Cog is 10 uF at 60 V. From equation (2). 

49 (48 - 4) 400 
48 

17367 0 

The closest standard value with +1.0% tolerance is 

17.4kQ. 17.4kQ will be used in all the rest of the 

equations. 

The protection resistors (RpR and Rpt) should be 30 0 
to 50 2. For this example we will use 40] +20%. Cr 
and Cr are stabilization capacitors whose values, in- 
cluding line capacity, should be a minimum of 2000 pF. 

Rc and Cc are determined by (RT + 600) Cp = Rc 
Cc. 18 kO +5.0% and 2000 pF will be used for Rc and ‘ 
Cc. 

The value of Ry is determined from Figure 14. To 
guarantee off-hook detection at the maximum loop re- 
sistance of 2500 0, Ry can be 261 kf. + 1.0%, which is 
a standard value. A 270 kt) +5.0% resistor can be used 
if the on-hook resistance of the loop is specified larger 
than 14 kQ. 

To obtain the desired 900 2 ac termination resistance 
(Ro), Ks is first calculated using equation (7). 


Rr = RR = — 600 


K5 = 


97 900 


0.402 


1 jee + 17400 “10 
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The value of RTx7 is calculated from equation (9) 
since Vgg is supplied from a current regulator diode. 


RTX1 

_ (0.01){0.06)(17400 + 17400 + 600) — 7 —3.9 
7 (0.01)(0.06) 

= 17233 0 


17233 © is the largest value of Rt 4 that can be used. 
A 16.9 kX. + 1.0% resistor is the standard value selected. 
From equation (10), Rtx2 is now calculated. 


ary _ (0-402N(16900) 
TX2 * (10.402) 
= 113619 


A 11.3 kN +1.0% resistor is selected. When selecting 
RTx2, select the nearest standard value lower than the 
calculated value. This is because Ctx adds a small 
impedance to the value of Rtx2 and the virtual ground 
node (negative input to the current to voltage converter) 
will also add a slight amount of impedance to RT x2. 
The impedance of the virtual ground point is 


Rvtx 
1+A 


where A is the open loop gain of the op amp. At 1.0 kHz, 
Zin will probably range from 50 to 100. The Crx 
capacitor, 1.0 wF (50 V) adds a reactance of 160 2 to the 
value of Rtx2 so the total impedance is: 


Zin = 


(11300 +75)2 + (160)2 = 11376 0 


With the nominal values selected for RTx1, RTx2, 
Ctx and Zjn, K5 nominal value is 0.4007 and Rg nominal 
value is 903 1. 

Transhybrid reception gain (Grx) is set to 0 dB (volt- 
age gain of one) by calculating Rax using equation (12). 


A nominal line resistance (R,_) of 900 0 will be assumed. 


amy . (951900)(903) 
RX ~ (900 + 903)(1) 
= 428219 


A 43.2 kN +1.0% resistor should be used for Rrx. Use 
a 1.0 uF 20 V capacitor for Crx. 

Transhybrid transmission gain (GT x) is set for unity 
gain by calculating Rytx, using equation (13). 
(17400 + 17400 + 1200)(1) 

(1—0.4007) 

60070 
A 60.4 kX +1.0% resistor should be used for RyT x. 

The balance resistor (Rg) is selected to maximize 
transhybrid rejection with Ry of 600 M using equation 
(15). 


RVTX = 


43200 [1 + 97 (0.4007)] (903 + 600) 
97 (1 —0.4007)(600) 
74216 0 


A75 kf. +1.0% resistor would be selected. 

The digital Hook Status Output resistor (Rys) is de- 
termined from a consideration of the type of logic with 
which the output must interface and the power supply 
voltages of that logic. Assuming CMOS at Vpp = OV 
and Vss = 12 V, then 


Vss 
IHS 
12V 
200 A 
60 kO 


A 62 kD. +5.0% resistor is suitable. 

The complete SLIC design is shown in Figure 20, 
along with the codec, filter, time-slot assigner/channel 
controller, and reference voltage needed for a complete 
line circuit. 


Rg = 


RHS 
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FIGURE 19 — RING INSERTION 
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FIGURE 20 — LINE CIRCUIT USING SLIC, FILTER, 
CODEC AND TSAC 
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(AA) MOTOROLA 


2400 bps DIGITAL MODULATOR 


The MC6172 is a MOS subsystem designed to be integrated into a 
wide range of equipment utilizing serial data communication. 

The modulator provides the necessary modulation and control func- 
tions to implement a serial data communication link over a voice grade 


MC6172 
(Formerly MC6862) 


MOS 


(N-CHANNEL, SILICON-GATE) 


2400 bps 
MODULATOR 


channel, utilizing differential phase shift keying (DKSP) at bit rates of 
1200 or 2400 bps. Phase options are provided for both the U.S. and in- 
ternational markets. The MC6172 can be implemented into a wide range 
of data handling systems, including stand-alone modems, data storage 
devices, remote data commuication terminals, and |/O interfaces for 
counters. 

N-channel silicon-gate technology permits the MC6172 to operate us- 
ing a single voltage supply and be fully TTL compatible. 

The modulator is compatible with the MC6173 demodulator to pro- 


vide medium-speed data communications capability. L SUFFIX 


CERDIP PACKAGE 
. CASE 623 
Clear-to-Send Delay Options 


511-Bit CCITT Test Pattern 

Terminal Interfaces are TTL Compatible 
Compatible Functions for 201B/C Data Sets 
CCITT and U.S. Phase Options 

1200/2400 bps Operation 

Answer-Back Tone 

The MC6173 Is the Companion Demodulator 
Application Note Available — AN-870 


P SUFFIX 
PLASTIC PACKAGE 
CASE 709 


PIN ASSIGNMENT 


BLOCK DIAGRAM 
Delayed 23 [LJTx Clk 
Clear Request 1 8432 MHz External 
to Send to Send Clock Clock 
10 11 


Request to Send 70 
Delay Opti < CTS1 30 RTS-CTS Timer Frequency Divider pit elock 
ela ions 
y Up CTS2 20 | and Test Pattern and Sync Logic 
Generator 


Test Pattern Enable 60 


O23 Transmit Clock 


Transmit Data 9O O 24 Dibit Clock 


Data Rate Select 150 Tx Data and Phase 


Phase Shift Select 160 Shift Control 
Answer Back 140 P 


1800 Hz 
Carrier 


Generator 


Transmit Mark 8 O 
Vcc= Pin 12 
Vss=Pin 1 
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MC6172 


MAXIMUM RATINGS 


Symbol 
Supply Voltage i. -0.3 to +7.0 
Input Voltage =0.3'10 1 7.0 


Operating Temperature Range TA TL to TH 
0 to 70 oG 
any voltage higher than maximum rated voltages 


Storage Temperature Range — 55 to + 150 
: to this high-impedance circuit. Reliability of 


THERMAL CHARACTERISTICS operation is enhanced if unused inputs are tied to 







This device contains circuitry to protect the in- 
puts against damage due to high static voltages 
or electric fields; however, it is advised that nor- 
mal precautions be taken to avoid application of _ 















[—SSSCharacteristic | Symbol | Value | Unit] _— appropriate logic voltage level (e.g., either 
Thermal Resistance ; | oe Vss or Vcc). 
Plastic Package. JA i206: pak 
Cerdip Package > 65 
POWER CONSIDERATIONS 
The average chip-junction temperature, Tj, in °C can be obtained from: 


Ty=TaAt+(Ppedja) | . (1) 
Where: A 
TA=Ambient Temperature, °C 
6) A= Package Thermal Resistance, Junction-to-Ambient, °C/W 
PD = PINT + PPORT 
PINT#!Icc x Vcc, Watts — Chip Internal Power 
PPpORT Port Power Dissipation, Watts — User Determined 


For most applications PPoRT<«<PiNT and can be neglected. PpoRT may become significant if the device is configured to 
drive Darlington bases or sink LED loads. “" 


An approximate relationship between Pp and Ty (if PPORT is neglected) is: 


Pp =K+(TJ+273°C) (2) 
Solving equations 1 and 2 for K gives: 
K =Ppe(Ta + 273°C) + 6jaePD2 (3) 


Where K is a constant pertaining to the particular part. K can be determined from equation 3 by measuring Pp (at equilibrium) 
for a known Ta. Using this value of K the values of Pp and Ty can be obtained by solving equations (1) and (2) iteratively for any 
value of Ta. 


DC ELECTRICAL CHARACTERISTICS 
(Voc =5.0 +0.25 Vdc, Vgg=0, TA=TL to TH, all outputs loaded as shown in Figure 1 unless otherwise noted) 



































[SSC aractiatio ———SSSCSCSCS~*~*~S~S~*™dCS mba Min | Tv Me | | 
[input igh Verge SSCS Wns 20 - | Voc | V 
[input tow Vonage SSCS PVs | ss 08 
Input Current 
\Vin=Vss) | CTS1, CTS2, PSS, DRS, An Bk, and Tx MK pw f= f= | a9 | mm 
RTS and TPE —1.6 
[input Leakage Curent Vn=S2ev.vec=VessS—S—~C—~—“C~s—si a | 
Output High Voltage 
et recess [eT 
(lIOH =0.0 mA, Load B) VoH2 |Vcc-0.5V Vcc. 
[Output tow Vohage Wou=TemA Led SSSCSCS~C~S ns | V0 
[input Capacitance (=0.1 MHz, Ta=25°C) ——SSSCSCSC~C~SCSCS Sn PS dO dC 
Internal Power Dissipation (Measured at Ta = T,) 

Input Transition Times, All Inputs Except 1.8432 MHz Input ww | = f= fot [| 
(From 10% to 90% points) “ ; f 
[input Transition Times, 1.8492 Wiz input FomOSVO2OW «dL wy | - | - | © | = 
[input Cock Duty Cycle, 18482 Miz Input Measured at TSViewi +f oc. | | - | | * | 
Tx Data Setup Time (Figure 2) ee ee ee ee 
[Tx Date Hod Time Figure SSCS] Td 
Output Transition Times re ae ee A) LS 





*Maximum Input Transition Times are <0.1 x Pulse Width or the specified maximum of 1.0 ns, whichever is smaller. 
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FIGURE 1 — OUTPUT TEST LOAD FIGURE 2 — TRANSMIT DATA SETUP 

ee eo ee ee AND HOLD TIME 

Vcc | 

| Tx Clk 

| mosis $ RI= 20 Ko | 

| Vi or Equiv. fey th 
¢ ) | 

an | Tx Data 

C 

eek. “Tt MMD7000 | 

| fle: 1% ee or Equiv. ! 

| Simulated TTL Load hace el Note: Timing measurements are referenced to and from a low 


voltage of 0.8 volts and a high voltage of 2.0 volts, unless 


CT = 20 pF = total parasitic capacitance, which includes cihenwise noted. 


probe, wiring, and load capacitances. 


FIGURE 3 — 2400 bps MODULATOR INTERFACE 
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MC6172 


DELAY TIMINGS (See Figures 4 and 5) 
















es ae Delay 
CTS1=0, CTS2=1 
CTS1=1, CTS2=0 
CTS1=1, CTS2=1 
CTS1=0, CTS2=0 
CTS-DBC Delay 
CTS1=1, CTS2=0 
CTS1=1, CTS2=1 
CTS1=0, CTS2=0 
















"The reference frequency tolerance is not included. 
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FIGURE 4 — RTS-CTS AND RTS-DRTS DELAYS 
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_RTS-CTS delay options are selected by the CTS1 and CTS2 in- 
puts, and are stated as time delay interval tg. An RTS input signal 
“synchronized about point A will synchronize CTS with the positive 
~ transition of DBC (Dibit Clock). Delay tq is measured with respect to 
the negative transition of RTS. 
RTS signals synchronized with the positive transition of DBC 
(point B), will result in the same CTS delay (tq). For this case the 
negative transition of CTS is synchronized with the negative transi- 


tion of DBC with delay t4 measured with respect to the negative 


transition of RTS. 











DRTS will go low within tg of the negative transition of RTS. With 
the exception of the no-delay option, CTS will go low within ts of 
the positive transition of DBC, following the tq delay selected. This 
applies when RTS is synchronized to Point A as shown. 

if RTS goes high and remains high = 20 us within time interval tq, 
a reset of the internal RTS-CTS timer function will occur. If ATS 
goes high for less than 20 ys, the circuit may or may not respond to 
this momentary loss of the RTS signal. 


Note: Timing measurements are referenced to and from a low voltage of 0.8 volts and a high voltage of 2.0 volts, unless otherwise noted. 
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FIGURE 5 — LOSS OF RTS TO DRTS DELAY 


‘DBC 
(Dibit) 
DBC 
ue i 
CTS 
DRTS 


A positive transition of RTS after CTS has become active can 
result in different functional characteristics of the CTS and DRTS 
output signals, depending on the time duration that RTS remains in- 
active. ae 

Under all conditions, CTS will go high within tg following a 
positive transition of RTS. If RTS goes high in the shaded region 
shown (i.e., synchronized to the positive transition of DBC) and re- 
mains high beyond the time interval defined as t7, then DRTS will 





rr 


go high within tg of the next negative transition of DBC. If RTS were 
to go low after t7, the RTS- CTS delay times given in Figure 4 will 
result. 

If RTS goes high in the shaded region shown, and then returns 
low within time interval tg, the negative transition of CTS will follow 
within 35 ps, and DRTS will remain in the active or low state. Under 
these conditions, the normal RTS- delay times are not en- 
countered when RTS is reactivated. If RTS goes low for less than 
20 us, the circuit may or may not respond 





NOTE: Timing measurements are referenced to and from a low voltage of 0.8 volts and a high voltage of 2.0 volts, unless otherwise noted. 


DEVICE OPERATION 


GENERAL 


Figure 3 shows the modulator and its intra-connections. 
The data to be transmitted is presented in synchronous serial 
format to the modulator for conversion to DPSK signals 
used in transmission. The modulator output is digital; 
therefore, aD/A converter and a filter transform the signal to 
an analog form. 

The control functions provide four different Clear-to-Send 
delay options. An Answer-Back tone is available for 
automatic answering applications. The modulator has a 
built-in 511-bit pseudorandom pattern generator for use in 
system diagnostic tests. 


INPUT/OUTPUT FUNCTIONS 


Request to Send (RTS) 


The RTS signal from the data terminal controls transmis- 
sion from the modulator. A low level on RTS activates the 
modulator data output. A constant mark, for synchroniza- 
tion, is sent during the RTS to CTS delay interval. Termina- 
tion of the transmission is accomplished by taking RTS high 
(see Figures 4 and 5). 


Delayed Request to Send (DRTS) 


This output can be used to control transmission as 
specified by the Transmit Mark contro! input. DRTS follows 
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the negative transition of RTS, and goes negative within tg 
of the negative transition of RTS (Figure 4). The delay froma 
positive transition of RTS to a positive transition of DRTS is 
shown in Figure 5. The DRTS delay allows data within the 
modulator to be transmitted before transmission is inhibited. 


Clear to Send (CTS) 


CTS follows RTS to both the logic 0 and logic 1 levels. The 
delay from a negative transition of RTS to a negative CTS 
transition is selectable by external strapping of CTS1 and 
CTS2. The delay from a positive transition of RTS to a 
positive CTS transition is less than tq. 

CTS will go low within t5 after the positive transition of the 
Dibit Clock (see Figure 4) except when the non-delay option 
is selected. For the no-delay option, CTS follows RTS within 


t5. 





RTS-CTS Delay Options (CTS1, CTS2) 


The RTS-CTS delays are selectable according to the 
following strapping options 


RTS-CTS Delay CTS1 CTS2 


0.0+ 0.035 ms, — 0.0 ms 0 1 
8.55 to 9.35 ms 

24.90 to 26.4 ms 
147.0 to 154.0 ms 
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Transmit Mark (Tx Mk) 


The Transmit Mark control allows the system designer to 
select whether the Delayed Request to Send activitates and 
deactivates the transmission on the modulator chip or off the 
chip in the output amplifier. 

When Tx Mk is high, transmission is controlled « on the 
modulator chip, and occurs from the chip only when DRTS 
or Answer Back is in the logic 0 state (see Figure 6). 

When Tx Mk is low, transmission is controlled off the 
modulator chip. In this mode, the modulator chip transmits 
marks at all times except when data or an Answer-Back tone 
is being transmitted (see Figure 6). 


Test Pattern Enable (TPE) 


A 511-bit test pattern generator is contained on the 

modulator chip. This pattern is in accord with CCITT 
specification V52. 
__lhe 511-bit test pattern is activated by applying a logic 0 to 
TPE. A mark (logic 1) condition on the Transmit Data input 
with TPE activated (logic 0) causes the test pattern to appear 
at the data output. A space (logic 0) condition on Tx Data 
with TPE activated causes the test pattern data to appear in- 
verted at the data output. 

Although the Motorola 2400 bps modulator contains a 
CCITT 511 test pattern generator it does not ncompotals the 
511 data randomizer or scrambler. 

Random data applied to Tx Data with TPE activated 
causes the test pattern data to be scrambled (exclusive 
NORed) with the data, and the result appears at the data 
output. . 

The MC6173 demodulator does contain a built-in data 
descrambler, which is enabled by TPE input going active. To 
scramble data using the modulator, the circuit in Figure 7 
must precede the Tx Data input of the modulator. Tx Data is 
added to the scrambler output pattern. Then the data is 
delayed by a full data bit before being transmitted by the 
modem. This assures a proper Transmit Data/Transmit 
Clock phase relationship. 

If the data scrambler is to be an optional feature, then the 
transmit data multiplexer would also have to be built. This is 


selected by the Test Pattern Enable signal or any other signal 
that is found suitable. 


The scrambling of data in the data comm environment is 
not done in an attempt to encrypt information in the normal 
sense of the word. Rather, the purpose of the scrambling of 
data is to guarantee that with respect to the modem carrier, 
there is always random data on the line with little chance for 
a long string of ones or zeros to exist. This is particularly im- 
portant if an adaptive equalizer is being incorporated at the 
demodulator. The adaptive equalizer will require reasonably 
evenly distributed data to optimize its statistical response to 
the incoming signal. The normally used code is the CCITT 
511 sequence which is exclusive ORed with data. ates 

The test pattern generator can be enabled only when CTS 
and RTS are logic 0. If TPE is activated outside this time in- 
terval, the previously stated RTS-CTS and RTS-DRTS 
delays, shown in Figures 4 and 5, are not valid. 


Data-Rate Select (DRS) 


The modulator can transmit at either 2400 bps or 1200 bps. 
Both data rates utilize an 1800 Hz carrier signal and employ 
phase shifting at 1200 Hz. The 2400 bps rate is obtained by 
encoding two bits of data into each phase shift. The 2400 Hz 
rate is selected by applying a logic 1 to the Data-Rate Select 
lead. The 1200 Hz rate is selected by applying a logic 0 to 
DRS. 


_ Phase-Shift Select (PSS) 


Option A (CCITT) or Option B (U.S.) phase shift can be 
selected for 2400 bps operation. The input data format and 


phase shift relationship for these two options are as follows: 


PSS=0 PSS=1 
Data Option A* Option B 






"See example Figure 8. 


FIGURE 6 — TRANSMIT MARK CONTROL 
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FIGURE 7 — MODULATOR CCITT 511 DATA SCRAMBLER 
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FIGURE 8 — EXAMPLE-CARRIER PHASE SHIFTS FOR OPTION A 


Serial Data 11011000 
Dibit 
11 01 
180° 90° 
aN NN 


10 


270° 


Data Phase Shift 
00 0° 
01 90 
00 11 180 
0° 10 270 


(aes 
a 


AVAAVAVAVAVAVAY 


For 1200 bps operation, Option C (CCITT) or Option D 
(U.S.) phase shift can be selected: 


PSS=0 

Data Option C 
0 +90° 
1 + 270° 


Option C is selected by applying a logic 0 to the Phase 
Shift Select lead when the Data Rate Select lead is strapped 
for 1200 bps operation (logic 0). Option D is selected by ap- 
plying a logic 1 to PSS with DRS at logic 0. The phase shifts 
shown are the difference in phase between the signal at the 
end of one dibit period and the new signal at the beginning 
of the next dibit. 


PSS=1 
Option D 
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Transmit Data (Tx Data) 

Transmit Data is the serial binary information presented 
for DPSK modulation. A high level represents a mark. For ~ 
timing, see Transmit Clock (Figure 4). 


Transmit Clock (Tx Clk) 

A 2400/1200 Hz Transmit Clock output is provided for the 
communication terminal. The Transmit Data signal is sampl- 
ed on the positive transition of Transmit Clock. The Transmit 
Data to Transmit Clock setup and hold time requirements are 
shown in the Electrical Characteristics Table and in Figure 2. 


Dibit Clock (DBC) 


A 1200 Hz Dibit Clock identifies the modulation timing. 
This signal goes negative less than 100 us prior to the start of 
dibit modulation. 
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External Clock (Ex Clk) 

A 2400/1200 Hz clock signal applied to the External Clock 
lead causes Transmit Clock to be synchronized with Ex Clk. 
This input must have an accuracy within +0.005%. 

When no transitions occur on this input, the internal clock 


from a transition on An Bk to the appropriate signal at the 


provides the 2400/1200 Hz transmit timing signal. Fast syn-- - 


chronization of Tx Clk to Ex Clk is not provided on the chip. 
When Ex Clk is not used, it should be tied to either the logic 0 
or logic 1 state. 


1.8432 MHz (Clk) 

This input must be a square wave with rise and fall times 
of less than 40 ns and a 50 + 20% duty cycle. The clock ac- 
curacy must be written +0.005%... 


Answer Back (An Bk) 
A logic 0 level applied to Answer Back causes a 2025 Hz 
carrier to be generated on the modulator chip instead of a 
phase shifted 1800 Hz carrier. A logic 1 level applied to An Bk 
enables the modulator to generate the normal phase shifted 
1800 Hz carrier signal, as shown in Figure 6. The time delay 
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modulator chip output is less than 2 ms. 

Activation of An Bk (a logic 0) will disable all other opera- 
tion modes including the Tx Mk function, and will reset CTS 
to an inactive state along with the RTX-CTS internal timer. 
An Bk should therefore be activated only before initiating 
RTS or after loss of the DRTS output signal. The combina- 
tion of a logic 0 on An Bk with a logic 0 on TPE is not used in 
normal system operation, and hence is used as a reset input 
during device test. 





Digital Output (BO-B5) 

These outputs are designed to intartacs with a 6bit 
digital-to-analog converter. The resultant signal out of the 
D/A is the differential phase shift keyed signal quantized at a 
14.4 kHz rate. A low-pass filter can then be used to smooth 
the data transitions. BO is the least-significant bit, and the 
positive level the active state. 


Test Clock (TST) 


A test signal input is provided to decrease test time of the 
chip. /n normal operation this input must be strapped low. 


(AA) MOTOROLA 


2400 bps DIGITAL DEMODULATOR 


The MC6173 is a MOS subsystem designed to be integrated into a 
wide range of equipment utilizing serial data communication. 

The demodulator provides the necessary demodulation and control 
functions to implement a serial data communication link over a voice 
grade channel, utilizing differential phase shift keying (DPSK) at bit 
rates of 1200 or 2400 bps. Phase options are provided for both the U.S. 
and international markets. The MC6173 can be implemented into a wide 
range of data handling systems, including stand-alone modems, data 
storage devices, remote data communication terminals, and |/O inter- 
faces for counters. 

N-channel silicon gate technology permits the MC6173 to operate 
using a single voltage supply and be fully TTL compatible. 

The demodulator is compatible with the M6800 microcomputer 
family, and provides medium-speed data communications capability. 


Compatible with MC6172 Modulator 

511-Bit CCITT V.52 Test Pattern 

Terminal Interfaces Are TTL Compatible 

Compatible Functions for 201B/C and V.26 Data Sets 
CCITT and U.S. Phase Options 

1200/2400 bps Operation 


FIGURE 1 — TYPICAL APPLICATIONS 


Telephone 
Line 
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Serial Interface 
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MOS 


(N-CHANNEL, SILICON-GATE) 


2400 bps 
DEMODULATOR 


L SUFFIX 
CERDIP PACKAGE 
CASE 623 


P SUFFIX 
PLASTIC PACKAGE 
CASE 709 


PIN ASSIGNMENT 


VSS 
FCar 
Bcd 
90° Eye 
0° Eye 
ADC 
0° Car 
ADS 
Rx Data 
Env 
NSync 
VCC 
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MAXIMUM RATINGS 






This device contains circuitry to protect the 

inputs against damage due to high static voit- 
ages or electric fields; however, it is advised 
that normal precautions be taken to avoid ap- 
|} plication of any voltage higher than. maxi- 
mum rated voltages to this high-impedance 
circuit. Reliability of operation is enhanced if 
unused inputs are tied to an appropriate logic 
voltage level (e.g., either Vss or Vso). 











Thermal Resistance 





DC ELECTRICAL CHARACTERISTICS (Vcc=5.0 +0.25 Vde, Vgg=0, Ta=T, to Ty 
all outputs loaded as shown in Figure 3 unless otherwise noted.) . 


_| Input High Voltage 


Input Low Voltage | VIL 


Input Current 7, 
(Vin= VIL) Pins 3, 11,13; 15, 16, 17, 18, 22, 24 


Input Leakage Current ” oth lj cS m 
(Vin=5.25 Vdc, Vcc=Vss) Pins 2,.10, 14, 23 oe 
Output High Voltage | | 
Vss+2.4 Vcc 
Vcc — 0.5 V Vcc 


n 
(IQH = —0.04 mA, Load A) | | VOH1 
(lOH =0.0 mA, Load B) VOH2 
Output Low Voltage 
(lIoL=1.6 mA, Load A) . VOL Vss 
Input Capacitance 
(f=0.1 MHz, Ta = 25°C) 


internal Power Dissipation (measured. at Ta =T 1) 
(All Inputs at Vsg except Pin 13=57.6 kHz and ALL Outputs Open) 


> 


> 


= 


Input Transition Times, 1.8432 MHz Input 
(From 0.8 V to 2.0 V) 


Input Transition Times, 
All Inputs Except 1.8432 MHz Input (From 10% to 90% Points) 


) 
” 


n 


ca 
im 
| 
cs 


[= [re 


Rx Data Setup Time tsy 


n 


Data-Clamp Delay Time 
Option 1 
Option 2 
Option 3 
Option 4 


=) 
wn 


A/D Strobe Pulse Width 
New Sync Input Pulse Width 


DS 
wn 


= 





*Maximum input transition times are < 0.1X pulse width or the specified maximum of 1.0 ws, whichever is smaller. 
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FIGURE 2 — DEMODULATOR BLOCK DIAGRAM 
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FIGURE 3 — OUTPUT TEST LOADS 


CT = 20 pF = total parasitic capacitance, which includes 
probe, wiring, and load capacitances 
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GENERAL DESCRIPTION 


The MC6173 Phase-Shift Key (PSK) Demodulator serves 
as an integral part of a system to recover synchronous data 
from an 1800 Hz PSK modulated carrier. Data rates of 1200 
and 2400 bits-per-second are available. In the case of 1200 
bps operation, the MC6173 detects phase shifts of 0 to 180 
degrees to represent digital ‘‘Os’’ and ‘’1s’’. When 2400 bps 
operations is desired, the MC6173 detects phase shifts of 0, 
90, 180, and 270 (option A) or 45, 135, 225, and 315 (option 
B) degrees to represent two bits of data called dibits. These 
phase shifts decode to 00, 01, 10, and 11, respectively. In 
either data rate, the 1800 Hz carrier is modulated at a 1200 


rate. 
Figure 1 shows the MC6173 demodulator in a typical appli- 


cation. The band-pass filter, equalizer, analog-to-digital 
(A/D) converter, 1200 Hz envelope filter, AGC amplifier, and 
1800 Hz carrier detector are external to the MC6173. The 
band-pass filter passes roughly 300 Hz to 3000 Hz eliminating 
noise, 60 Hz and 120 Hz pickup, and harmonics of 1800 Hz. 
The output of this filter is fed to the equalizer which adjusts 
phase versus amplitude such that a constant amplitude is 
maintained regardless of phase and is fed into the carrier 
detect circuit. The AGC amplifier provides a constant level 
signal regardless of the input level from the equalizer. The 
output of the AGC amplifier drives two basic sections of 


external circuitry, i.e., the A/D converter, and 1200 Hz 


envelope filter 

The A/D converter samples each 1200 Hz cycle or dibit 12 
times, After each sample, digital data is clocked serially to 
the MC6173 receiver data input (RDI). The MC6173 
generates the sampling clock for AD Strobe (ADS) and the 
serial clock (ADC) from the 1.8432 MHz internal oscillator. 

The 1200 Hz envelope filter recovers the 1200 Hz compo- 
nent of the equalizer output during fast training and 
generates a 1200 Hz square wave. This square wave is con- 
nected to the envelope (Env) input and is used for internal 
timing. 

_The carrier detect circuit is used to signal the fast carrier 

(FCar) input that a carrier is present. Immediately after FCar 
has received a negative transition, the internal phase-lock 
loop temporarily widens its band width so that it can quickly 
adjust the internal timing of the MC6173 with respect to the 
1200 Hz Env input (this is called fast Sync or fast training). 
The timing adjustments are made so that each dibit can be 
sampled at the most advantageous places. 

The internal circuitry digests the dibit samples and pro- 
duces the digital data (Rx Data) along with the receive data 
clock (Rx Clk). These two signals are used to drive a Serial- 
to-parallel interface such as an MC6852 Synchronous Serial 
Interface Adapter. 


PIN DESCRIPTION 


FAST CARRIER (FCar), Pin 2 — A negative transition on 
this input will force a period of approximately 8.3 ms of fast 
training for both baud and carrier timing.” Fast Sync or fast 





*The postive transition of the 1200 Hz signal, present at the 
Env input, provides a divide-by-20 counter with every other 
clock. This will cause approximately 8.3 ms of fast training 
to the incoming signal at the demodulator. 
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training allows for large corrections to be made in the inter- 
nal timing of the demodulator. After the fast training period, 
the timing should be reasonably well adjusted. Small adjust- 
ments are made automatically to maintain proper phase rela- 
tionships internally after the fast-train period. 

The FCar input, which normally comes from the carrier 
threshold detect circuits, must remain at a low level during 
the entire period of baud and carrier synchronization. 

A positive level on the FCar input will disable the baud and 
carrier correction circuitry. Baud and carrier timing are then 
direct derivatives of the 1.8432 MHz clock as illustrated in 
Figure 4. | 
' The first positive edge of the envelope (Env) input will be 
totally asynchronous to the demodulator. This will be + % 
cycle of the 2400 clock (+208 ys). The nine following 
positive edges will introduce added tolerance equal to nine 
times the offset of Env from the absolute 1200 Hz (as defined 
by the 1.8432 MHz +0.005% clock). Thus... 

Max Fast Train Time=4.17 ms+9 f—Eny+0.21 ms 

= 4.38 ms+9/fEny 

Min Fast Train Time =4.17 ms—0.21 ms+9/fEny 

= 3.96 ms+9/fEny 


DATA-CLAMP DELAY (DCD), Pin 3 — Data-clamp delay 
enables the selection of one of four delays during which Rx 
Data is held to a logic-high condition. This delay is measured 
from the negative edge of FCar. The four options are avail- 
able at one pin through the use of the internal multiplexing in 
the demodulator. Options 3 and 4 are available by demulti- 
plexing the dibit clock as demonstrated in Figure 5. The 
available delay options are listed in Table 1, these times will 
be approximate due to their direct relationship to the Env 
input during the first 8.3 ms. Also, these times are further 
dependent upon carrier offset. The delays given in Table 1 
assume no carrier offset and that Env is synchronous with 
the Tx Clk. Figure 4 is illustrative of the timing and sequenc- 
ing of this circuit. 

A scheme for programming the data-clamp delay is il- 
justrated in Figure 5. The DCD input may either be a con- 
stant high or low level which will produce options 1 and 2. If 
the input ‘’A’”’ is exclusive ORed with the dibit clock options 3 


and 4 are produced at the same input pin. 


ENVELOPE (Env), Pin 10 — The envelope input comes 
from the 1200 Hz envelope detection circuitry. Envelope 
detection will normally consist of a 1200 Hz filter and a 
voltage comparator to generate an approximate limited 
Square wave. This is normally derived from a constant mark 
signal sent by the modulator for Sync acquisition purposes. 

Each positive edge that is input to Env will reset both baud 
timing and the ‘dibit clock to a logic ’0’’. The optimum timing 
of the positive transition at the Env input will be tep prior to 


‘the falling edge of the dibit clock. Timing is illustrated in 


Figure 6. 

Env will be effective in the training of baud timing and dibit 
clock only if FCar is in the active low state. 

Minimum positive pulse width at the Env is =2.17 us. 


NEW-SYNC (NSync), Pin 11 — This input port is normally 
controlled by the business machine. If FCar is at an active 
low, then an active low pulse in excess of 0.84 ms on the 
NSync lead will put the demodulator into the fast-Sync 
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FIGURE 4 — DEMODULATOR SYNC TIMING DIAGRAM 
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| Low @ DBC 104.17 ms | | 
| | 
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FIGURE 6 — ENVELOPE CLOCK TIMING DIAGRAM 
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or fast-train mode (these terms are synonymous). 

Activation of NSync allows large corrections to be made 
to both baud and carrier timing similar to initial activation. of 
the FCar lead. These corrections will be applied for approxi- 
mately 8.3 ms. The receiver must complete the 8.3 ms period 
of fast Sync before another NSync is recognized. 








CARRIER-SYNC (CarS), Pin 15 — When CarS is taken to 
an active low, baud timing will be taken from the Env input. 
In addition, the slow carrier correction will be doubled in the 
2400 baud mode as defined by the data-rate select (DRS) 
and phase-shift select (PSS) inputs. (This is not the same as 
the fast training that is incorporated when FCar or NSync are 
active, which is a changing of the bandwidth of the internal 
phase-lock loop [PLL]). This widening of the PLL band width 
will allow a faster search and lock on the 1800 Hz carrier. This 
Carrier-Sync mode will remain active as long as CarS is held 
in the active state. The normal application of this option 
would be to extend the training or Sync time under the mark 
input data condition that exceeds 8.3 ms. 





If FCar is at a logic "1" inactive state, this input is ignored | 


by the demodulator. 


A/D CLOCK (ADC), Pin 6 — This output will allow, in a 
serial format, the six A/D data bits plus sign information to 
be synchronously clocked into the demodulator. (See Figure 
8.) 
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There are nine 1 ws positive pulses occuring at a 460 kHz 
rate. The first pulse, along with ADS, is used to begin the 
A/D conversion sequence. The next seven positive edges 
strobe data serially from the A/D converter to the 
demodulator input (RDI) enabling the demodulator to pro- 
perly decode the A/D data. _ 

This signal is also.used to clock 0 and 90 degree eye data 
out of the demodulator. This is described in the Eye Pattern 
section. When TEn is low, ADC monitors check accumulator 
output (see TEn). 


A/D STROBE (ADS), Pin 8 — A positive going, approxi- 
mately 11 ps, pulse is used as an enable signal for a sample 
and hold circuit prior to the A/D converter. The negative 
edge of this pulse is used to start the conversion process. 
Pulse rate of this signal is 14.4 kHz which allows each dibit to 
be sampled 12 times. (See Figure 7.) When TEn is low, ADS 
monitors zero crossings (see TEn). 


RECEIVER DATA INPUT (RDI), Pin 23 — The digital 
decode of the line signal magnitude, as sampled by the A/D, 
is input to the demodulator at this port. The data format is 
scaled binary. This sign bit occurs on the second A/D clock, 
followed by six magnitude bits which begin with the most- 
significant bit as shown in Figure 8. The data is strobed syn- 
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FIGURE 7 — ANALOG TO DIGITAL SAMPLE SCHEME 


Dibit 


Line 
Signal 


aos__| | 


chronously with the positive edges of the ADC. 

A logic one in the sign bit slot will represent a positive 
value. The magnitude of the six data bits increases from 
000000 to 111111 with all ones always representing the most- 
positive value as illustrated below: 





RECEIVE DATA OUTPUT (Rx Data), Pin 9 — This pin is 
the demodulator output for mark and space serial data. Data 
is synchronous with the receiver clock output with the 
positive going edge of the receiver clock occurring in the 
center of the data bit. A mark is represented by a logic high 
("1"') level except for the conditions described under PSS 
and TPE. 

The Rx Data output is inhibited in a logic-high level when 
FCar is in the inactive high state. The delay from the positive 
edge of FCar to the inhibiting of data is 2 us. 








RECEIVE CLOCK (Rx Clk), Pin 20 — The receive clock 
output provides the 2400 Hz +0.005% timing signal to the 
business machine for sampling the demodulated received 
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data marks and spaces (Rx Data). Receive clock is present at 
the demodulator chip output at all times; is not clamped to 
an inactive state when the carrier detected is not presented. 
on FCar; nor is Rx Clk clamped by any other combination of 
inputs to the demodulator. 

Timing corrections to the receive clock, that are generated 
internally, are made following FCar going active. As describ- 
ed in FCar, if CarS is held active the receive clock is con- 
tinuously updated from dibit Sync. 

The positive transition of the Receive Clock, which occurs 
in the middle of the data bit, should be used to strobe data 
from the demodulator, under normal operating conditions. 
When TPE scrambler/descrambler is being incorporated, 
then the negative edge of the Rx Clk will occur in the center 
of the data bit. 

Receive Clock will be 2400 bps or 1200 bps depending on 
the logic input at the DRS input. The Rx Clk edges described 
above apply to either 2400 bps or 1200 bps data rates. 

Under TPE active, the Dibit relation to Rx Clk does not 
change. See Figure 9 for relative timing of Rx Clk, DBC and 
Rx Data. . 

Figure 10 depicts the requirements at the demodulator if 
the data scrambler is being incorporated. The exclusive Nor 
gating of TPE and Rx Clk would then maintain proper phas- 
ing of Rx Clk as it goes to the RS-232 driver. This circuit 
would be required since the positive edge of Receive Clock is 
a Data Communications Standard. | 
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FIGURE 8 — ANALOG-TO-DIGITAL TIMING DIAGRAM 
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DATA RATE SELECT (DRS), Pin 24 — The following 
levels are valid for either phase-shift select: 
Logic high equals 2400 bps, 
Logic low equals 1200 bps. 


PHASE-SHIFT SELECT (PSS), Pin 17 — Option A 
(CCITT) or option B (U.S.) phase shift can be selected for 
2400 bps operation. The input data format and phase shift 
relationship for these two options are as follows: 


PSS=0 PSS=1 
Option A. Option B 
(Degrees) | (Degrees) 





For 1200 bps operation, option A (CCITT) or option B (U.S.) 
phase shift can be selected as follows: 


PSS=0 PSS=1_ 
Option A Option B - 
(Degrees) | (Degrees) 





The phase shifts shown are the difference in phase between 
the signal at the end of one dibit period and the new signal at 
the beginning of the next dibit. 

If the logic level inputs to PSS are EXORed with DBC 
(dibit clock) or BBC, then the test-pattern enable option may 
be selected and produce the compliment of normal data at 
Rx Data as explained in the TPE description. (See Figure 11.) 


TEST-PATTERN ENABLE (TPE), Pin 18 — Incorporated in 
the demodulator is the 511-bit test pattern shift register that 
is in accord with CCITT specification V52. This is the pattern 
that is generated by feedback from the 5th and 9th stages of 
a 9-bit shift register. 

When the TPE input is allowed to be pulled up internally, 
there is normal data flow through the receiver. When the 
TPE input is pulled low, the incoming data is passed through 
this self-synchronous decoder which will produce the inverse 
of the 511-bit CCITT V52 pattern. 

TPE works in coordination with PSS. If PSS is directly 
pulled high or low to represent option A or option B, then 
the presence of the 511-test pattern at the (RDI) input and 
TPE active will result in logic ‘1’ condition at Rx Data out- 
put. If the DBC option is being utilized at the PSS input and 
TPE is active while the 511-bit test pattern is being received, 
the receiver data output will equal a logic ‘’0’’. These options 
(Figure 11) are summarized in Table 2. 
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This assumes the modulator is sending the 511-bit test 
pattern with Rx Data being either a constant mark (logic ‘'1"’) 
or space (logic ‘’0"’). If a logic '’0”’ is received in options 1 or 2 
or a logic ‘'1” is received in options 3 or 4, then a transmis- 
sion error has occurred. The number of errors-per-unit time 
is a measure of the transmission line quality. 

A feature of the above type of pattern detector is that it 
will be self-synchronizing. It should be pointed out that there 
will be at least two error counts each time an error is 
detected. 


If the TPE input is in the active state, it is important to note 
that the Rx Clk phase changes. The necessary circuit to 
regain proper phase is shown in Figure 10. 

A scheme for programming the phase-shift select is illus- 
trated in Figure 11. The PSS input may either be a constant 
high or low level which will produce options 1 and 2. If the in- 
put ‘’A”’ is exclusive ORed with the dibit clock, options 3 and 
4 are produced at the same input pin. 


FIGURE 9 — CLOCK TIMING DIAGRAM 


2400 BPS A or B OPTION 


axck [PLP LEP LELELE LA] 
Rx Data 
TPE=1 | | | | | | 
Rx Data 
TPE=0 | | | | | 
Dibit Clock 
TPE=0 
SETUP AND HOLD TIME 
Rx Clk 
tsu th 
Rx Data 


1200 BPS A or B OPTION 


Rx Clk | | | 
Rx Data | | 
TPE=1 

Rx Data " 

TPE=0 | | 


Dibit Clock | | [ | | 


Note: Timing measurements are refer- 
enced to and from a low voltage 
of 0.8 volts and a high voltage of 
2.0 volts, unless otherwise noted. 


FIGURE 10 — DEMODULATOR DATA SCRAMBLER RECEIVE 
CLOCK PHASE CORRECTION REQUIREMENTS 


Rx Clik From Demodulator 


TPE 


Rx Clk } | t 
Rx Data | | 


TPE=0 


Rx Clk 


Rx Cik | f | { 
Rx Data | | 


TPE=1 
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FIGURE 11 — PHASE-SHIFT SELECT DEMULTIPLEXER 
FOR TEST PATTERN ENABLE | 


TABLE 2 — TEST PATTERN ENABLE OPTIONS 


oneal [icles | pe 
Option | TPE C Option Output State 
pt fo fifo ft A | oO [Rx Data Output= 1 
| 2 fofolo] 8B | 1 | Rx Data Output=1 | 
[3 _[ 0 |i foscl A 
ee 

CLOCK (Clik), Pin 14 — A 1.8432 MHz signal input 
+0.005% is required at this port. The clock requirements are 
the same as the modulator clock specifications. See Figure 
12 for a suggested clock circuit. 

The receive clock is generated by dividing down the 1.8432 


MHz. Since receive clock accuracy must be at least 
+0.005%, the clock source must be of the same accuracy. 









TEST-CLOCK (TClk), Pin 13 — This input is used for pro- 
duction testing of the demodulator device. In normal opera- 
tion this pin should be left open which will enable the internal 
pullup resistor. 


0 Degree Eye 
90 Degree Eye 


0 Degree Carrier 
Carrier Correction 





These test outputs are explained in the test enable (TEN) 
description below. 
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TEST ENABLE (TEn), Pin 16; 0° Eye, Pin 5; 90° Eye, Pin 4; 
0° Car, Pin 7; CCor, Pin 19 — These pins allow the monitor- 
ing of ten internal points within the demodulator. A low level 
on TEn is normally associated with testing of the 
demodulator such as in a production test environment or in- 
coming testing. Activation of TEn affects internal timing. 


TABLE 3 — INTERNAL MONITORS 


| Output _| Ten 
ADS See Description Under ADS (Pin 8) 
(Pin 8) Monitors Zero Crossings 
ADC See Description Under ADC (Pin 6) 
' (Pin 6) Monitors Check Accumulator Output 
0 Degree Monitors 0 Degree Eye 2s Complement 
Eye Information from 6 Tap Filter 
{Pin 5) _ Monitors 0 Degree Eye 2s Complement 
Information from 12 Tap Filter. 
Monitors 90 Degree Eye 2s Complement !n- 
formation from 12 Tap Filter 










































90 Degree 
Eye 
(Pin 4) 
0°Car 
(Pin 7) 
CCor 
(Pin 19) 














Monitors 0 Degree Carrier 
Monitors Check Accumulator Compare Errors 
Monitors Carrier Correction Enable 

Monitors Carrier Correction Direction 







DIBIT CLOCK (DBC), Pin 21 — This output is a 1200 Hz 
clock which is derived from incoming data envelope and pro- 
vides a dibit reference. This signal is representative of ‘data 
derived timing.” When studying the quality of the 
demodulated signal, through the use of eye patterns, this 
output is necessary for proper synchronization of the 
oscilloscope. 


TEST STROBE (TStr), Pin 22 — This input is used to 
facilitate testing of the demodulator during the manufactur- 
ing process. It should be left unconnected which will result in 
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FIGURE 12 — OSCILLATOR CONFIGURATION 


To Clk Pin 14 





U1=MC14069 
Y1= 1.8432 + .005% 


cacti or 


the internal pullup resistor causing the high level on this pin. 
Vss Pin 1= The most negative supply, typically ground. 
Vcc Pin 12= The most positive supply, typically 5 volts. 


DATA SCRAMBLER 


The scrambling of data in the data communication en- 
vironment is not done in an attempt to encrypt information in 
the normal sense of the word. Rather, the purpose of the 
scrambling of data is to guarantee that, with respect to the 
modem carrier, there is always random data on the line with 
little chance for a long string of ‘1s or “‘Os’’ to exist. This is 
particularly important if an adaptive equalizer is being incor- 
porated in the modem as the adaptive equalizer will require 
reasonably evenly distributed data to optimize its statistical 
response to the incoming signal. The normally used code is 
the CCITT 511 sequence which is EXORed with data. 


The Motorola 2400 bps modulator contains a CCITT 
511-bit test-pattern generator. It does not, however, incor- 
porate the 511 data randomizer or scrambler. To scramble 
data using the MC6172 modulator, the circuit in Figure 10 
must precede the Tx Data input of the modulator. Tx Data is 
added to the scrambler output pattern; then, the data is 
delayed by a full data bit before being transmitted by the 
modem. This assures a proper transmit-data/transmit-clock 
phase relationship. If the data scrambler is to be an optional 
feature, then the transmit-data multiplexer would also have 
to be built. This is selected by the test-pattern enable signal 
or any other signal that is found suitable. 

The demodulator does contain a built-in data descrambler 
which is enabled by the TPE input going active. The receive 
phasing, with respect to data, changes when TPE goes ac- 
tive. The exclusive NOR gating of TPE and Rx Clk, as shown 
in Figure 10 will maintain proper phase of Rx Clk. This cir- 
cuit Is required since the clocking of data on a positive edge 
is a data communications standard. 


EYE PATTERN 


When performing an evaluation of an 2400 bps modem, 
one common point of comparison is the quality of the eye 
patterns produced by the demodulator. The eye pattern may 
also be used as an indicator of the incoming signal with 
respect to level and line perturbations. Eye patterns are for 
test and evaluation only and are not used in the demodula- 
tion of the incoming signal. 

Timing information in the Motorola 2400 bps demodulator 
is derived directly from the demodulated data signal. This is 
referred to as data derived timing. The advantage of data 


FIGURE 13 — MODULATOR CCITT 511 DATA SCRAMBLER 


Tx Clk 
(From RS-232 
Translator) 
Tx Data 
(From RS-232 
Translator) 


TPE 
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U1 MC14006 
U2 MC14070 
U3 MC14069 
U4 MC14011 
U5 MC14013 


Tx Data 
Ping 
Modulator 
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derived time is that it allows data to be sampled at optimum 
times. The demodulated signals, in differential phase-shift 


keying, take the form of ‘eye patterns’’ as shown in Figure 


14. The demodulator, in optimizing its performance for 
minimum error rates, strobes data at the point of maximum 
eye opening. The demodulator constantly examines the eye 
opening to assure that the data sample is being taken at 
exactly the optimum point. As a result of constantly ad- 
justing timing control, correct sampling is maintained. This 
technique provides improvements in reception that are 


significant, especially in a poor communications media en- - 


vironment. 

The circuit in Figure 16 is required to observe the eye pat- 
terns. This circuit was built using Motorola CMOS devices. 
The 0 and 90 degree eye data is strobed from pins 4 and 5, 
respectively, into the shift register by the A/D clock. The 


A/D strobe then latches the data sample into the ‘’D”’ type 
storage devices. The output of the storage devices taken 
across the scaled resistors will then represent the appropriate 
value of the sample taken. To properly observe the actual 
eye patterns, it is necessary to Sync on dibit clock while 
observing the 0 to 90 degree eye data. Overlaying the two 
patterns produces a two-level digital-eye pattern from which 
the quality of the incoming signal may be judged. 

Figures 15 thru 17 show a typical receive/ demodulator and 
transmit/modulator circuit, respectively. The transmit filter 
illustrated in Figure 17 limits the bandwidth of the signal to 
those frequencies allowed on a telephone line. The receive 
filter and equalizer in Figure 15 clean up and normalize the in- 
coming signal for the A/D network, 1200 Hz envelope detec- 
tor, and 1800 Hz carrier detector. 


FIGURE 14 — EYE PATTERN 


seed 1 

be Dibit —___—_>, 
] 

| é 

1 

1 

1 


Eye 
Pattern 


O°Carrier 1800 Hz 


90°Carrier 1800 Hz 


‘DBC 1200 Hz 


Rx Clk 1200 Hz 


Rx Clk 2400 Hz 
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FIGURE 15 — 2400 BPS DPSK DEMODULATOR SYSTEM 
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1. "*" Specifies + 1% Resistor 
2. Bypassing is recommended at all chips 
3. All capacitors in microfarads unless noted otherwise. 


MLM4741 
NES71N 
LF398N 
MLM311 
MC14007 
MC 1408 
MC 14559 
MC741S 
IN914 






R24 28k* 


R23° 28k 


Carner Detect 


See Parts 


, List Below 


+ 12 ADA AAA 12 


Rye «RICO 


10k 10 k 10k 


Quad Op-Amp (14 Pin) — any 741-type op-amp will do 
Compandor/Variable Gain (16 Pin) 

Sample/Hold (8 Pin) 

Comparator (8 Pin) 

Dual Complementary Pair/Inverter (14 Pin) 

D/A (16 Pin) 

SAR (16 Pin) 

Op-Amp (€' Pin) 

Diodes 
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Eye Pattern Generator (Optional) 
A/D Strobe 









+5V 
. ; | c25 «S R66 

A/D —_—-U33 U33 U33 100 pF $ 10k U33 U34 
Strobe 3[\,.2 5 4 9 ; 11 12 15 3f\,2 
O O) : O OO O) O.- 

ep p [o- [ oo [> 

| USS | TP12 
A/D U33. FON 24 £5V 







+5V 1.8432 MHz 


90° 
Eye Out 
3 ae 


| R50= R58 = 4.64 k 
R51 = R59=9.53 k 
R52 = R60= 19.1 k 
R53 = R61 = 37.4 k 
R54 = R62= 75 k 
R55 = R63= 150 k 
R56 = R64 = 301 k 
R57 = R65= 604 k 











S3 — 
< TPE 


DCD 


10 k Pull-Up 


U27, U28 MC14015 (16 Pin) Pin 8=GND, Pin 16=+5V 

U29-U32 MC14175 (16 Pin) Pin 8=GND, Pin 16= +5 V 

U33, U34 MC14049 (16 Pin) Pin 8=GND, Pinl1=+5V 
U35 MC14013 (14 Pin) Pin 7=GND, Pin 14= +5 V 
U36 MC14073 (14 Pin) Pin 7=GND, Pin 14= +5 V 


FIGURE 16 — 2400 BPS DPSK DEMODULATOR SYSTEM 
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FIGURE 17 — 2400 BPS DPSK MODULATOR SYSTEM 





SCRAMBLER PARTS 


U22 MC 14006 
U23 MC14070 
U24 MC14069 
U25 MC14011 
U26 MC14013 


NOTES: 


1. All Resistors +1% 
All Capacitors +5% 


2. Bypassing of power is recommended at all chips 
3. T1 is a 600:600 2 telephone transformer 
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(AA) MOTOROLA MC6860 


0-600 bps DIGITAL MODEM MOS 


The MC6860 is a MOS subsystem designed to be integrated into a 
wide range of equipment utilizing serial data communications. 

The modem provides the necessary modulation, demodulation and : 
supervisory control functions to implement a serial data communica- 0-600 bps 


DIGITAL MODEM 





(N-CHANNEL, SILICON-GATE) 


tions link, over a voice grade channel, utilizing frequency shift keying 

. (FSK) at bit rates up to 600 bps. The MC6860 can be implemented into a 
wide range of data handling systems, including stand alone modems, 
data storage devices, remote data communication terminals and |/O in- 
terfaces for minicomputers. 

N-channel silicon-gate technology permits the MC6860 to operate us- 
ing a single-voltage supply and be fully TTL compatible. 

The modem is compatible with the M6800 microcomputer family, in- 
terfacing directly with the Asynchronous Communications Interface 
Adapter to provide low-speed data communications capability. | L SUFFIX 
@ Originate and Answer Mode | yt CERAMIC PACKAGE 
® Crystal or External Reference Control ‘ PREC 
@ Modem Seif Test 
@ Terminal Interfaces TTL-Compatible 
® PUD upieN or malipupiex Operation P SUFFIX 
@ Automatic Answer and Disconnect PLASTIC PACKAGE 
@ Compatible Functions for 100 Series Data Sets © CASE 709 
@ Compatible Functions for 1001A/B Data Couplers 





FIGURE 1 — TYPICAL MC&860 SYSTEM CONFIGURATION 
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MAXIMUM RATINGS 


This device contains circuitry to protect the 
inputs against damage due to high static 
voltages or electric fields; however, it is ad- | 
vised that normal precautions be taken to 
avoid application of any voltage higher than 
maximum rated voitages to this high im- 
pedance circuit. 
















Rating Symbol 


Supply Voltage —0.3 to +7.0 
Input Voltage 


n 
Operating Temperature Range 
Storage Temperature Range —55 to +150 
Reliability of operation is enhanced if unus- 
ed inputs are tied to an appropriate logic 


THERMAL CHARACTERISTICS voltage level (e.g., either Vss or Vcc). 


Value ___| Unit 


Thermal Resistance 
9yA 65 °C/W | 
120 













Ceramic 
Plastic 





POWER CONSIDERATIONS 


The average chip-junction temperature, Ty, in °C can be obtained from: 
Ty=TAt+(Ppe96d ja) 
Where: 
TaA#Ambient Temperature, °C 
6 JA = Package Thermal Resistance, Junction-to-Ambient, °C/W 
Pp = PINT + PPORT 
PINT=#icc x Vcc, Watts — Chip Internal Power 
PporRT = Port Power Dissipation, Watts — User Determined 
For most applications PPORT«P|NT and can be neglected. PpoRT may become significant if the device is configured to 
drive Darlington bases or sink LED loads. 
An approximate relationship between Pp and Ty (if PPORT is neglected) is: 
Pp =K+(TYy + 273°C) 
Solving equations 1 and 2 for K gives: 
K = Ppe(Ta + 273°C) + OjAePpA (3) 
Where K is a constant pertaining to the particular part. K can be determined from equation 3 by measuring Pp (at equilibrium) 
for a known TA. Using this value of K thie values of PD and TJ can be obtained by solving equations (1) and (2) iteratively for any 
value of TA. 


(1) 


(2) 
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DC ELECTRICAL CHARACTERISTICS of 78 2 
(Vcc =5.0 +5% Vdc, all voltages referenced to Vgsg=0, TA=TL to TH, all outputs loaded as shown in Figure 2 unless otherwise noted.) 
po Characteristic | Symbol | Min | Typ 
| 


Crystal Input Voltage 
(Crystal Input Driven from an External Reference, Input Coupling Capacitor = 200 pF, » 
Duty Cycle= 50+ 5%) 
Input Current . — 
(Vin=Vss) All Inputs Except Rx Car, Tx Data, TD, 

























4 
” 
Er 
>| 
@ 
BG 








Input Leakage Current (Vij, =7.0 V, Vcc=Vss, Ta =25°C) 


Output High Voltage, All Outputs Except An Ph and Tx Car y a3 
(IOH1 = — 0.04 mA, Load A) OH1 ; 
Output Low Voltage, All Outputs Except An Ph and Tx Car (lo. 1=1.6 mA, Load A) VOL1 vss | - [oso |v 
a ee EL) 


Output High Current, An Ph (Voy2=0.8 V, Load B) lOH2 | 0.30 | 


Output tow Voltage, An Philoi2=0,Load@) ——SSCSC*~=“~*‘“‘*S*~*drC«CL*gs | =O | 
[input Capacitance ('=0.1 Miz, Ta=25°C)_—SSSCSCSC~C—~“SsSC*~—*“‘S*~C‘“~*~‘—~*~‘“~SCSin | BO dC 
F Output Capacitance (f=0.1 Miz, Ta=zeeC) SSS gue Pt 
[Transmit Carrier Output Votiage (Load C)——SSSCSCS~S~SCSCS Vc] 020 08 OB RIS 
[Transmit Carrier Output 2nd Harmonic oad) —SSCSC~C~“‘~*S*S*“‘*~*S*~“‘~tC‘ STK 


Input Transition Times, All Inputs Except Crystal tr 1.0° : 
(Operating in the Crystal Input Mode; from 10% to 90% Points) tf 1.0° ‘ 
Input Transition Times, Crystal input tr ie 
(Operating in External Input Reference Mode) oo . tf 
Output Transition Times, All Outputs Except Tx Car tr 5.0 
(From 10% to 90% Points) tf 50. | * 
Internal Power Dissipation (All Inputs at Vgs and All Outputs Open) (Measured at TA=TL}. PINT } - | - | 30 | mw | 


*Maximum Input Transition Times are <0.1 x Pulse Width or the specified maximum of 1.0 zs, whichever is smaller. 















FIGURE 2 — OUTPUT TEST LOADS 


Load A — TTL Output Load for Receive Break, Digital Carrier, Mode, Clear-to-Send, Load B — Answer Phone Load 
and Receive Data Outputs ; : 
Test 
Point 
Vcc 








Cy 
R1=2.5 kQ 
Bb MMD6150 
SIpt or Equiv. 
100 k 





Simulated TTL Load 





MMD7000 
or Equiv. 
1.0 pF 


MC 1458 
or Equiv. 
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FIGURE 3 — BLOCK DIAGRAM 


Data Terminal 
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Clear-to-Send 23 
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Digital Carrier 11 O 
Transmit Data 2 O 


Transmit Carrier 10 O 


Receive Data 24 O 


Receive De- 





4 Answer Phone 


Bias 19 Ring Indicator 


Answer/ 
Disconnect 
Logic 


21 Switch Hook 
15 Mode 


7 Threshold Detect 


VCC = Pin 12 
Vss = Pin 1 


Data Rate 140 modulator 
NOTE 1. 


Receive Carrier 17 O 


Crystal 13 O 


Test Clock 180 Timing - 


oO 
4 


SD = Enable Space Disconnect 
LS = Enable Long Space Disconnect 


ESS = Enable Short Space Disconnect 


mim 


O O 
Self Test 16 22 5 6 ESS (Note 1) 


SD ELS 


DEVICE OPERATION* 


GENERAL 


Figure 1 shows the modem and its interconnections. The 
data to be transmitted is presented in serial format to the 
modulator for conversion to FSK signals for transmission on 
the telephone line (refer to Figure 3). The modulator output 
is buffered before driving the line. 

The FSK signal from the remote modem is received via the 
telephone line and filtered to remove extraneous signals Such 
as the local Transmit Carrier. This filtering can be either a 
bandpass which passes only the desired band of frequencies 
or a notch which rejects the known interfering signal. The 
desired signal is then limited to preserve the axis crossings 
and fed to the demodulator where the data is recovered from 
the received FSK carrier. 

The Supervisory Control provides the necessary com- 
mands and responses for handshaking with the remote 
modem, along with the interface signals to the data coupler 
and communication terminal. !f the modem is a built-in unit, 


“See Tables 1 and 2 for delay time tolerances. 
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all input-output (I/O) logic need not be RS-232 compatible. 
The use of MC1488 and MC1489A line drivers and receivers 
will provide a RS-232 interface conforming to the EIA 
specification. 


ANSWER MODE 


Automatic answering is first initiated by a receipt of a Ring 
Indicator (RI) signal. This can be either a low level for at least 
51 ms as would come from a CBS data coupler, or at least 
20 cycles of a 20-47 Hz ringing singal (low level = 50% of the 
duty cycle) as would come from a CBT data coupler. The 
presence of the Ring Indicator signal places the modem in 
the Answer Mode; if the Data Terminal Ready line is low, in- 
dicating the communication terminal is ready to send or 
receive data, the Answer Phone output goes high. This out- 
put is designed to drive a transistor switch which will activate 
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the Off Hook (OH) and Data Transmission (DA) relays in the 
data coupler. Upon answering the phone the 2225-Hz 
Transmit Carrier is turned on. 

The originate modem at the other end detects this 2225-Hz 
signal and after a 450 ms delay (used to disable any echo 
suppressors in the telephone network) transmits a 1270-Hz 
signal which the local answering modem detects, provided 
the amplitude and frequency requirements are met. The 
amplitude threshold is set external to the modem chip. If the 
signal level is sufficient the TD input should be low for 20 ys 
at least once every 32 ms. The absence of a threshold indica- 
tion for a period greater than 51 ms denotes the loss of 
Receive Carrier and the modem begins hang-up procedures. 
Hang-up will occur 17 s after Rl has been released provided 
the handshaking routine is not re-established. The frequeny 
tolerance during handshaking is + 100 Hz from the Mark fre- 
quency. 

After the 1270-Hz signal has been received for 150 ms, the 
Receive Data is unclamped from a Mark condition and data 
can be received. The Clear-to-Send output goes low 450 ms 
after the receipt of carrier and data presented to the answer 
modem is transmitted. Refer to Figure 4. 


AUTOMATIC DISCONNECT 


Upon receipt of a space of 150 ms or greater duration, the 
modem clamps the Receive Break high. This condition exists 
until a Break Release command is issued at the receiving sta- 
tion. Upon receipt of a 0.3 s space, with Enable Short Space 
Disconnect at the most negative voltage (low), the modem 
automatically hangs up. If Enable Long Space Disconnect is 
low, the modem requires 1.5 s of continuous space to hang 
up. Refer to Figure 5. 


ORIGINATE MODE 


Upon receipt of a Switch Hook (SH) command the 
modem function is placed in the Originate Mode. If the Data 
Terminal Ready input is enabled (low) the modem will pro- 
vide a logic high output at Answer Phone. The modem is 
now ready to receive the 2225-Hz signal from the remote 
answering modem. It will continue to look for this signal until 
17 s after SH has been released. Disconnect occurs if the 
handshaking routine is not established. 

Upon receiving 2225+ 100 Hz for 150 ms at an acceptable 
amplitude, the receive Data output is unclamped from a 
Mark condition and data reception can be accomplished. 
450 ms after receiving a 2225-Hz signal, a 1270-Hz signal is 
transmitted to the remote modem. 750 ms after receiving the 
2225-Hz signal, the Clear-to-Send output is taken low and 
data can now be transmitted as well as received. Refer to 
Figure 6. 


INITIATE DISCONNECT 


In order to command the remote modem to automatically 
hang up, a disconnect signal is sent by the local modem. 
This is accomplished by pulsing the normally low Data Ter- 
minal Ready into a high state for greater than 34 ms. The 
local modem then sends a 3 s continuous space and hangs 
up provided the Enable Space Disconnect is low. If the 
remote modem hangs up before 3s, loss of Threshold 
Detect will cause loss of Clear-to-Send, which marks the line 
_in Answer Mode and turns the carrier off in the Originate 

Mode. 


If ESD is high the modem will transmit data until hang-up 
occurs 3 s later. Receive Break is clamped 150 ms following 
the Data Terminal Ready interrupt. Refer to Figure 7. 


INPUT/OUTPUT FUNCTIONS 


Figure 8 shows the. |/O interface for the low speed 
modem. The following is a description of each individual 
signal: 


Receiver Carrier (Rx Car) 


The Receive Carrier is the FSK input to the demodulator. 
The local Transmit Carrier must be balanced or filtered out 
and the remaining signal hard limited. The conditioned 
receive carrier is measured by the MC6860. Any half-cycle 
period greater than or equal to 429 + 1.0 ws for the low band 
or 235 +1.0 ws for the high band is detected as a space. 
Resultant peak phase jitter is as follows: 


Data Rate Answer Mode Originate Mode 
| Bits per Second %) (Peak %) oj (Peak %) 






Ring Indicator (RI) 

The modem function will recognize the receipt of a call 
from the CBT data coupler if at least 20 cycles of the 
20-47 Hz ringing singal (low level 250% of the duty cycle) 
are present. The CBS data coupler RI signal must be level- 
converted to TTL according to the EIA RS-232 specification 
before interfacing it with the modem function. The receipt of 
a call from the CBS data coupler is recognized if the RI signal 
is present for at least 51 ms. This input is held high except 
during ringing. An RI signal automatically places the modem 
function in the Answer Mode. 


Switch Hook (SH) 

SH interfaces directly with the CBT data coupler and via 
the EIA RS-232 level conversion for the CBS data coupler. 
An SH signal automatically places the modem function in the 
Originate Mode. 

SH is low during origination of a call. The modem will 
automatically hang up 17s after releasing SH if the hand- 


_ Shaking routine has not been accomplished. 
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Threshold Detect (TD) 

This input is derived from an external threshold detector. If 
the signal level is sufficient, the TD input must be low for 
20 ws at least once every 32 ms to maintain normal opera- 
tion. An insufficient signal level indicates the absence of the 
Receive Carrier; an absence for less than 32 ms will not 
cause channel establishment to be lost; however, data dur- 
ing this interval will be invalid. 

If the signal is present and the level is acceptable at all 
times, then the threshold input can be low permanently. 

Loss of threshold for 51 ms or longer results in a loss of 
Clear-to-Send. The Transmit Carrier of the originate modem 
is clamped off and a constant Mark is transmitted from the 
answer modem. 


MC6860 


TIMING DIAGRAMS 


FIGURE 4 — ANSWER MODE 
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FIGURE 5 — AUTOMATIC DISCONNECT — LONG OR SHORT SPACE 
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Switch Hook 


Data Terminal 
Ready 
Originate 


Mode \_ answer 


Answer Phone 


Receive Carrier 


Threshold Detect 


Receive Data 


Transmit Carrier 
Clear-to-Send 


Transmit Data 


Enable Space 
Disconnect 
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Ovate Terminal 
Ready 

Mode 


Answer Phone 


Receive Carrier 


Threshold Detect 


Receive Data 


Transmit Carrier 


Clear-to-Send 


Transmit Data 


Enable Space 


Disconnect 


FIGURE 6 — ORIGINATE MODE 


SH Can Be Released 


On (Low) 
Originate (High) 
Answer (High) 


| _ 2025 Hz 


|}+———- Establish Call __ 2225 Hz, 450 ms 2225 Hz, 450 ms - Boo6 Hz 


hE ES 











; Gg 
Clamped at Mark ; VA 
1070 Hz or 
450 ms 1270 Hz 1270 Hz 
750 ms On (Low) 
Clamped at Mark - 
On (Low) ; Unclamped 


FIGURE 7 — INITIATE DISCONNECT 
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Receive Data Rate (Rx Rate) 


The demodulator has been optimized for signal-to-noise 
performance at 300 bps and 600 bps. The Receive Data Rate 
input must be low for 0-600 bps and should be high for 
0-300 bps. 


Transmit Data (Tx Data) 


Transmit Data is the binary information presented to ‘the 
modem function for modulation with FSK techniques. A 
high level represents a Mark. 


Data Terminal Ready (DTR) 


The Data Terminal Ready signal must be low before the 


modem function will be enabled. To initiate a disconnect, 
DTR is held high for 34 ms minimum. A disconnect will oc- 
cur 3s later. 


Break Release (Brk R) 

After receiving a 150 ms space signal, the clamped high 
condition of the Receive Break output can be removed by 
holding Break Release low for at least 20 ps. 


Transmit Break (Tx Brk) 


The Break command is used to signal the remote modem 


to stop sending data. | 

A Transmit Break (low) greater than 34 ms forces the 
modem to send a continuous space signal_for 233 ms. 
Transmit Break must be initiated only after CTS has been 
established. This is a negative edge sense input. Prior. to in- 
itiating Tx Brk, this input must be held high for a minimum of 
34 ms. 





Enabled Space Disconnect (ESD) 


When ESD is strapped low and DTR is pulsed to initiate a 
disconnect, the modem transmits a space for either 3 s or 
until a loss of threshold is detected, whichever occurs first. If 
ESD is strapped high, data instead of a space is transmitted. 
A disconnect occurs at the end of 3 s. 


Enable Short Space Disconnect (ESS) 


ESS is a strapping option which, when low, will 
automatically hang up the phone upon receipt of a con- 
tinuous space for 0.3s. ESS and ELS must not be 
simultaneously strapped low. 


Enable Long Space Disconnect (ELS) 

ELS is a strapping option which, when low, will 
automatically hang up the phone upon receipt of a con- 
tinuous space for 1.5 s. 


Crystal (Xtal) 

A 1.0 MHz.crystal with the following parameters is re- 
quired to utilize the on-chip oscillator. A 1.0-MHz square 
wave can also be fed into this input to satisfy the clock re- 
quirement. 


Mode: Parallel 
Frequency: 1.0 MHz +0.1% 
Series Resistance: 750 ohms max 
Shunt Capacitance: 7.0 pF max 
Temperature: 0-70°C 

Test Level: 1.0 mW 

Load Capacitance: 13 pF 


FIGURE 8 — I/O INTERFACE CONNECTIONS FOR MC6860 
(ORIGINATE/ ANSWER MODEM) % 
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‘*See Motorola Application Note AN-747 for more information. = 
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When utilizing the 1.0. MHz crystal, external parasitic 
Capacitance, including crystal shunt. capacitance, must be 
=9 pF at the crystal input. Reliable crystal oscillator start-up 
requires that the VCC power-on transition time be > 15 
milliseconds. 3. 4, & - 


Test Clock (TST) . 

A test signal input is provided to decrease the test time of 
the chip. In normal Operation ’ this input must be Strapped 
low. 


Self Test ist) 


When a low voltage level is placed on this input, the 
demodulator is switched:to the modulator frequency ‘and 
demodulates the transmitted FSK_ signal. Channel 
establishement, which occurred during the initial handshake, 
is not lost during self test. The Mode Control ouput changes 


state during Self Test, permitting the receive filters to pass 


the local Panera Carrier. 





*Note maximum SH low time in Table 1. 


Answer Phone (An Ph) 

Upon receipt of Ring Indicator or Switch Hook signal and 
Data Terminal Ready, the Answer Phone output goes high 
[(SH+Rl)*DTR]. This signal drives the base of a transistor 
which activates the Off Hook, and Data Transmission control 
lines in the data coupler. Upon call completion, the Answer 
Phone signal returns to a low level. 


Mode 


The Mode output indicates the Answer (low) or Originate 
(high) status of the modem. This output changes state when 
a Self Test command is applied. 


Clear-To-Send (CTS) 


A low on the CTS output indicates the Transmit Data in- 
put has been unclamped from a steady Mark, thus allowing 
data transmission. 


Receive Data (Rx Data) 


The Receive Data output is the data resulting from. 


demodulating the Receive Carrier. A Mark is a high level. 


Receive Break (Rx Brk) 


Upon receipt of a continuous 150 ms space, the modem 


automatically clamps the Receive Break output high. This 
output is also clamped high until Clear-to-Send is establish- 
ed. 


Digital Carrier (FO) - 
A test signal output is provided to decrease the chip test 


time. The Snanle a square wave at the transmit frequency. - 


Transmit Carrier (Tx Car) | 

The Transmit Carrier is a digitally- Sy tNesiasa di sine wave 
(Figure 9) derived from the 1.0 MHz crystal reference. The 
frequency characteristics are as follows: 


Transmit. 
Frequency 
~ 1270 Hz 
_ 1070 Hz 
Answer » 2225 Hz 
Answer 2025:Hz . 


“The reference frequency tolerance is not included. 


_Tolerance* 


~ Originate 
Originate 





The proper output frequency is transmitted within 3.0 us 
following a data bit change with no more than 2.0 ws phase 
discontinuity. The typical output level is 0. 35, V (RMS) into - 
100 k ohm load impedance. 

The second harmonic is typically 32 dB below the fun- 
damental (see Figure 10). 


POWER-ON RESET 


Power-on reset is provided on-chip to insure that when 
power is first applied the Answer Phone output is in the low 
(inactive) state. This-holds the modem in the inactive or idle 
mode until a SH or RI signal has been applied. Once power 
has been applied, a momentary loss of power at a later time 
may not be of sufficient time to guarantee a chip reset 
through the power-on reset circuit. 


To insure initial power-on reset action, the external 


-parasitic capacitance on RI and SH should be <30 pF. 


_ Capacitance values > 30 pF may require the use of an exter- 


Amplitude (0.5 V/Div). 


. Gain (-dB) 


“nal pullup resistor to Vcc on these inputs in addition to the 
-pullup devices. already provided on chip. 





Time (0.2 ms/Div) 
FIGURE 9 — TRANSMIT CARRIER SINE WAVE 
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FIGURE 10 — TRANSMIT CARRIER 
FREQUENCY SPECTRUM 
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TABLE 1 — ASYNCHRONOUS INPUT PULSE WIDTH AND OUTPUT DELAY VARIATIONS 
(Time delays specified do not include the 1-MHz reference tolerance.) 


Due to the asynchronous nature of the input signals with respect to the circuit internal clock, a delay variation or input 
pulse width requirement will exist. Time delay A is the maximum time for which no response will occur. Time delay B is the mini- 
mum time required to guarantee an input response. Input signal widths in the cross-hatched region (i.e., greater than A but less 


than B) may or may not be recognized as valid. 


For output delays, time A is the minimum delay before an output will respond. Time B is the maximum delay for an output 
to respond. Output signal response may or may not occur in the cross-hatched region (i.e., greater than A but less than B). 




















INPUT PULSES OUTPUT DELAYS 
aa DOTR 
Rl (Initiate 
(from CBS) Space Dicoensell 
= 32ms = Tx Car* Mk/Sp Space 
A= 16 
z ESD = Low ms-+| 
= 5ims 
B= 34ms 


DTR 


(Initiate Space 
Disconnect) 


An Ph 


A = 3027 ms | 


B = 3056 ms 





DTR 


TD (Initiate: : 


Space 
(Loss of 





DeseeWNOG US 2a nA 
Threshold) Rx Brk 


= 165 ms 


= 185ms a 
Answer Mode 


TOD due to Rx Car (1270 Hz) 
me erect e eee a en 


er} 


CTS or Rx Brk a= aa2 ms ——s| | 
= 34ms — 
B=451 aeraers 






(Initiate Space 
Disconnect) 





*Digital Representation. (continued) 
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TABLE 1 — OUTPUT DELAY VARIATIONS (continued) 


Tx Car* Mk/Sp 


A= 16 ms=| 


eassms B = 17034 ms 


TD 


(Loss of | 
Threshold) 


CTS or Rx Brk 
A= 32 ms 


A = 282 ms —~ | 


B= 51 ms 


B = 301 ms.- a 


Originate Mode 


TD | TDdue to Rx Car (2225 Hz) 
rr 


CTS or Rx Brk 


Rx Data Space 
: | 


A = 731 ms = 


-B = 752 ms 


-A = 1496 ms—-| 


B = 1520 ms 
Rx Data | Space 
| 
A = 132ms _ 


B = 151 ms- 


Originate Mode 


TD | TD due to Rx Car (2225 Hz) 
re perrmmrcarn tm cent ST ONTO 


| 
Tx Car 


H 
(1270 Hz) A = 432 ms —e| 


B = 451 ms 





*Digital Representation 


TABLE 2 — TRANSMIT BREAK AND DISCONNECT DELAYS 
Function Description 
Tx Brk (Space Duration) 


Space Disconnect (Space Duration) 
(OTR = High, ESD and TD = Low) 


Loss of Carrier Disconnect 


(Measured from positive edge of CTS to nega- 
tive edge of An Ph, with RI, SH, and TD = High) 


Override Disconnect 
(Measured from positive edge of RI or SH to 
negative edge of An Ph, with TD = High) 
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Mode Goes High 


FIGURE 11 — FLOW DIAGRAM 
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No 


Remote Modem Responds 


Yes 


Mode Goes High 


No 


No 


An Ph Goes High 
Remote Modem Sends 
2225 Hz 


Yes 


Mode Goes Low 
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FIGURE 11 — FLOW DIAGRAM (CONTINUED) 
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Note 1: Transmit Break, Initiate Space Disconnect, | 
and Receive Space are mutually exclusive events. 




















Note 2 
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Receive 
2225 HZ in 








Receive Data 
Unclamped 
From Mark 
SH Released 











300 ms No 
Delay 


Yes 


Transmit 
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Mark 










Answer No 
Mode 
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CTS And Rx Brk 
Go High-Clamp 
Tx Data to Mark 


TS And Rx Brk 





Go High 
Tx Car Off 






Note 2: Due to loss of Rx Car, the modem will clamp 
Tx Data to a Mark in the Answer Mode and will 
turn off Tx Car in the Originate Mode. If Rx 
Car is detected before completion of Tx Brk or 
initiate Space Disconnect, normal operation of 
Tx Brk or Initiate Space Disconnect will con 
tinue until completion of their respective time 
delays. 
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FIGURE 11 — FLOW DIAGRAM (CONCLUDED) 
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CODEC-FILTER PCM-MONO-CIRCUIT 


The MC14400, MC14401, MC14402, MC14403, and MC14405 are all per 
channel codec-filter PCM mono-circuits. These devices perform the voice 
digitizing and recovery, as well as the band limiting and signal restoration 
necessary in PCM systems. The MC14400 and MC14403 are general purpose 
devices that are offered in a 16-pin package. They are designed to operate in 
both synchronous and asynchronous applications and contain an on-chip 
precision voltage reference. The MC14401 is the same device, but offered in 
an 18-pin package. In addition, it offers the user the capability of selecting 
from three peak overload voltages (2.5, 3.15 and 3.78 V). The MC14405 is a 
synchronous device in a 16-pin package intended for instrument use. The 
MC14402 is the full feature device which presents all of the options available 
on the chip. This device is packaged in a 22-pin DIP and 28-pin chip carrier 
package, and contains all the features of the MC14400 and MC14401 plus 
several more. Most of these features can be made available in a lower pin 
count package tailored to a specific user’ $ application. Contact the factory for 
further details. 

The devices were designed to be upward compatible with the 
MC14404/06/07 codecs and other industry standard codecs. They also main- 
tain compatibility’ with Motorola’s family of TSACs (MC14416/ 
MC14417/MC14418) as well as the MC3419 SLIC. 

The PCM codec-filter mono-circuits utilize CMOS due to its reliable low- 
power performance and proven capability for complex analog/ digital LSI 
functions. 

MC14400 
16-Pin Package 
On-Chip Precision Voltage RBterenos (3.15 V) 
Power Dissipation — 45 mW at 2.048 MHz at 10 V 
0.1 mW Powered Down at 10 V 
Compatibility with Various Supply Configurations: +5, +6, +10, 
+ 12 Volts (5%) 
Pin Selectable TTL and CMOS Digital Levels 
Automatic Prescale Divide of Any One of 5 Clock Frequencies 
(128 kHz, 1.536 MHz, 1.544 MHz, 2.048 MHz, or 2.56 MHz) to 
Generate the Internal Sequencing Clock 
Pin Selection of Both A-LAW/Mu-LAW Companding and D3/D4 
or CCITT Digital Formats 
Output Drive Capability for 600 and 900 Ohm Loads of +12 dBm 
Synchronous and Asynchronous Operation 
On-Chip Attendent Interrupt Conferencing 
Transmit Bandpass and Receive Low-Pass Filters on Chip 
MC14401 — All of the Above Plus: 

@ 18-Pin Package 

@ Selectable Peak Overload Voltages (2.5, 3.15 and 3. 78 Volts) 

@ Access to the “Minus” Input of the Tx Input Op Amp 
MC14402 — All of the Above Plus: 

@ 22-Pin Package 

@ Variable Data Clocks (64 kHz to 3.088 MHz) 

@ Access to Transmit Input Amplifier 

@ An External Precision Reference May Be Used 

@ External Gain Adjust for Complex SLIC Configurations 
MC14403 

@ 16-Pin Package 

@ Same Device as MC14400 with Access to Transmit Input 

Amplifier with Single Ended Receive Output 
_ @ MSI Tied Internally to TDE 
MC14405 
@ 16-Pin Package 


@® Same Device as MC14403 with Common 64 kHz to 3.088 MHz Data Clocks 
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Ne CERAMIC PACKAGE 


CMOS LSI 


(LOW-POWER COMPLEMENTARY MOS) 


CODEC-FILTER 
PCM MONO-CIRCUIT 





MC14400/03/05 
L SUFFIX 
CERAMIC PACKAGE 
CASE 620 





MC14401 

L SUFFIX 
CERAMIC PACKAGE 

CASE 726 





MC 14402 
L SUFFIX 





CASE 736 


MC14402 

Z SUFFIX 
28-PIN CHIP CARRIER 

CASE 763 


ORDERING INFORMATION 


MC14XXXXX 


IL. CCITT (G7.12) 
2 D3/D4 (PUB 43801) 
L Ceramic Package 
Z Leadless Ceramic Package 





MC14400, MC14401, MC14402, MC 14403, MC14405 


PCM MONO-CIRCUIT BLOCK DIAGRAM 
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MC14400/01/02/03/05 
NOTE: E> = Controlled by Vis 
* Rx = 100 kQ (Internal Resistor) 


DEVICE DESCRIPTIONS 


There are five distinct versions of the Motorola PCM 
mono-circult. 


MC14400 

The MC14400 PCM mono-circuit is a PCM codec-filter in- 
tended for standard word interleaved synchronous or asyn- 
chronous applications. The TDC pin on this device is the in- 
put to both the TDC and CCI functions in the pin description. 
Consequently, for MS!I=8 kHz, TDC can be one of five 
discrete frequencies. These are 128 kHz (40 to 60% duty) 
1.536, 1.544, 2.048 or 2.56 MHz. (For other data clock fre- 
quencies see MC14402 or MC14405.) The internal reference 
is set for 3.15 volts peak full scale, and the full scale input 
level at Txl and output level at RxO is 6.3 volts peak-to-peak. 
This is the + 3 dBm0 level of the PCM mono-circuit. All other 
functions are described in the pin description. 


MC14401 


The MC14401 PCM mono-circuit offers the same features 
and is for the same application as the MC14400, but offers 
two additional pins and features. The reference select input 
allows the full scale level of the device to be set at 2.5 Vp, 
3.15 Vp or 3.78 Vp. The — Tx pin allows for external transmit 
gain adjust and simplifies interface to the MC3419 SLIC. 
Otherwise, it is identical to MC14400. 


MC14402 


The MC14402 PCM mono-circuit is the full featured 22-pin 
device. It is intended for use in applications requiring max- 
imum flexibility. The MC14402 contains all the features of the 
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MC14400 and MC14401. The MC14402 is intended for bit 
interleaved or word interleaved operation with data clock fre- 
quencies which are non standard or time varying. One of the 
five standard frequencies (listed above) is applied to the CCl 
input and the data clock inputs can’ be any frequency be- 
tween 64 kHz and 3.088 MHz. The Vref pin allows for use of 
an external shared reference or selection of the internal 
reference and RxG and + Tx provide maximum flexibility for 
analog interface. 


MC14403 

The MC14403 PCM mono-circuit is intended for standard 
word interleaved asynchronous or synchronous applications. 
TDC can be one of five discrete frequencies. These are 128 
kHz (40 to 60% duty) 1.536, 1.544, 2.048 or 2.56 MHz. (For 
other data clock frequencies see MC14402 or MC14405.) The 
internal reference is set of 3.15 volts peak full scale, and the 
full scale input level at Tx! and output level at RxO is 6.3 volts 
peak-to-peak. This is the +3 dBm level of the PCM mono- 
circuit. The + 17x and — Tx inputs provide maximum flexi- 
bility for analog interface. All other functions are described in 
the pin description. 


MC14405 

The MC14405 PCM mono-circuit is intended for word 
interleaved synchronous applications. The MC14405 has all 
the features of the MC14403 but internally connects TDC 
and RDC (see pin description) to the DC pin. One of five 
standard frequencies (listed above) should be applied to CCl 
and the DC input can be any frequency between 64 kHz and 
3.088 MHz. 





MC14400, MC14401, MC14402, MC14403, MC14405 


VDD 
RDD 
RCE 
RDC 
TDC 
TDD 
TDE 
MSI 


VoD VAG 
RDD RxO 
RCE RxO 
RDC Txl 
TOC Mu/A 
TDD PDI 
TDE _Vss 
Avis VLS 





Vss 





MC14402L 





MAXIMUM RATINGS (Voltage Referenced to Vss) 
Rating 
‘DC Supply Voitage 
Voltage, Any Pin to Vss 
DC Current Drain per Pin (Excluding Vpp, Vss) 


Operating Temperature Range 
Storage Temperature Range — 85 to + 160 





RECOMMENDED OPERATING CONDITIONS 


ae eee ee 


DC Supply Voltage Vcc toVss 


| Min | 
eel a 
Power Dissipation 
Vpp to Vss 70 
110 
ee 


















CMOS Mode 10 V 
TTL Mode 10 V 


Power Down Dissipation 10 V Vop to Vss 
Frame Rate Transmit and Receive Csi | 75 | 80 | 65 | Ke | 


Data Rate 
MC14400, Mc14401, and MC14403 | 
(Must Use One of These Frequencies) 
+2% 







—_ i ae 


[Data Rate ciao, ca SCSCSC~—“—~—CSCSC—CSCCSCSSTSSCSCSCSC~“‘“S Se 


Full Scale Output and Input Levels MC14400, MC14403, MC14405 
RxO, Txl Vp 













MC14401 and MC14402, Vref=Vss , RSI=Vpp 
RSI=Vss 
RS!I=VaG 
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MC14400, MC14401, MC14402, MC14403, MC14405 


DIGITAL LEVELS (T, =0 to 70°C) 


Parameter Symbol |Vpp to Vss 


CMOS Mode 
TDE, RCE, RDD, PDI, RDC, TDC, DC, CCI, MSI sa Od 


5.25 3.6 | 
| V 
ila 6.75 ~ 
TTL Mode 
TDE, RCE, RDD, PDi, RDC, TDC, DC, CCI, MSI Bo Vist+1.0 | VEgt+0.8 3 
i a Vist2.0 | Vist+18 — 
TDD Output Current 
(TTL Mode) VOH=2.4V IOH — pA 
Vo_—0.8 V IOL ~ 2 — ma 


ANALOG TRANSMISSION PERFORMANCE 
(Vpp=+5V +5%, Vss=—-5 V +5%, 0 dBm0= +6 dBm@600 2, Vis=V~aG=0, Ta=0 to 70°C, TDC= RDC; TDE= RCE=8 kHz) 


Characteristic 


Absolute Gain (0 dBm0 @ 1.02 kHz) 

Gain vs Level Tone (Relative to — 10 dBm0, 1.02 kHz) 

+3 to —40 dBm0O 

— 40 to —50 dBm0 

— 55 dBm0 

Gain vs Level — Pseudo Noise (A-Law Only, MC144XXL1 Only) 
(Relative to — 10 dBm0) 

— 10 to —55 dBm0 

— 60 dBm0O 


Total Distortion — 1.02 kHz Tone (C Message) 































i he | 


0 to — 30 dBm0 35 
— 40 dBm0O 29 
— 45 dBm0 24 25 









Total Distortion with Noise (A-Law Only, MC144XXL1 Only) 
—3 dBm0 

—6 to —27 dBm0 

— 34 dBm0 

— 40 dBm0 
— 55 dBm0 


Idle Noise 

(Mu Law, C Message) 

(A Law, Psophometric — MC144XXL1 Only) 
Frequency Response (Relative to — 10 dBm0, 1.02 kHz) 

15 to 60 Hz 

300 to 3000 Hz 

3400 Hz 

4000 Hz 
4600 Hz 
Inband Spurious (1.02 kHz@0O dBm0) 
300 to 3400 Hz 
Out-of-Band Spurious (0 to 12 kHz in, @O dBm0) 

0 to 3400 Hz 

3400 to 4600 Hz 

4600 Hz to 12 kHz 


Idle Noise Selective 
@ 8 kHz with Vag= Tx! Measure at RxO, 30 Hz Bandwidth 


Group Delay Difference 

0 dBm0, TOC, RDC = 2.048 MHz 
500 to 600 Hz 
600 to 1000 Hz 
1000 to 2600 Hz 
2600 to 2800 Hz 


Go to Return Crosstalk @O0 dBm0 


| 
Sir ie } 
























| 
> 
Q 














1 | | 


I 
(oy) 












Txl to TDD @ RxO 
RDD to RxO @ TDD 


Absolute Group Delay @ 1.02 kHz 
TDC = RDC=2.048 MHz 


LED 
S&S 





ae re 
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ANALOG ELECTRICAL CHARACTERISTICS (Vpp = (10-12 V) +5%, 0 to 70°C) 


Symbol 
Input Current — Tx, + Tx, (Tx! for MC14400) ae 






H 
fo) 
= 
H 
38 
=] 
B 


{ AC Input Impedance (1 kHz) Txl (for MC14400) toVag |Z 100 | kQ | 
Z 












Input Common Mode Voltage Range Vpp = 10.0 V —Tx, +Tx} VicR +8.0 


Output Voltage Range 
Vorto 
VAG 










RL=20k toVaG RxO, RxO 
RL=600 toVaG ; Each 















in | — | 
AC Input Impedance (1 kHz) -— Tx, + TxtoVAG fF Zin acl | — | Ma | 


RL=900 toVacG Output 3 
Output Current RxO, RxO ~ . VOH=Vpp- 90.8 ere 
VoL=0.8 +5.0 
Power Supply Rejection Ratio RxO to VAG 
Vpp=12 V +0.05 V peak @ 1kHz . RxO0 toVAG 


Shared External Reference Vref to VAG ae 20 





Mu/A Select Voltage 
Mu-Law Mode 


Sign Magnitude Mode 
A-Law Mode 
Reference Select Voltage 3.78 V Mode 
2.5 V Mode 


3.15 V Mode 


Vref Mode Voltage External Reference Mode 


Internal Reference Mode 


Analog Test Mode Selection Frequency, MSI= CCI 
See Pin Description; Test Modes ; 
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SWITCHING CHARACTERISTICS (Vpp= (10 to 12 V), Ta=0 to 70°C, Cy = 50 pF CMOS or TTL Mode) 


Symbol 


Output Rise Time 
Output Fall Time 


Input Rise Time 
Input Fall Time 


Clock Pulse Frequency (MS! = 8 kHz) 


This Pin Will Accept One of These 5 Discrete Clock Frequencies and Compensate 


to Produce Internal Sequencing. 


Propagation Delay Time 





CMOS 
TTL 
CMOS 


TDE Rising Edge to TDC Falling Edge Setup Time 
tsu2 


RCE Rising Edge to RDC Falling Edge Setup Time 


MSI Rising Edge to CCI Falling Edge Setup Time 
tsu7 


DC, TDE, CCI, RCE, RDC, TOC, MSI} tTHL 


Pulse Width DC, TDE Low, CCI, RCE, RDC, TDC, MSI 
Clock Pulse Frequency DC, TDC, RDC 





TDE to TDD Low Impedance 
TDE to TDD Low Impedance 
TDE to TDD High Impedance 
TDE to TDD High Impedance 


'TLH 


'TLH 
TOD | tTHL 


CCl 


VT Gu 
2] fc2 
3] fcL3 
4) fcr 
5} fois 








TDC* to TDD 
TDC* to TDD 















RDD Valid to RDC Falling Edge Setup Time | tsu5 {| 60 | 40 
RDD Hold Time from RDC Falling Edge | th | 100 | 60 | — | ns | 


*For the sign bit, tp3 is measured from TDE or. TDC, whichever is last. 


PIN DESCRIPTION 


DIGITAL 


VLS selects CMOS or TTL compatibility for all digital |/Os. 
Vis=Vpp; all 1/0 is CMOS, (Vpp to Vss_ swing). 
VLS<Vpp—4 volts; all 1/O is TTL with switchpoint 1.4 V 
above Vis. The pins controlled by VLs are inputs MSI, CCl, 
TDC, RDC, TDE, RCE, RDD, PDI and output TDD. In TTL 
applications V,_s is Digital GND. 

MSI is a continuous 8 kHz (for sampling rate) signal which 
is used as a time base for internally selecting a prescale 
divider for CCl input. MSI should be tied to the frame sync or 
system sync signal, but has no relation to transmit or receive 
data timing, except as described under TDE. MSI should be 
derived from the transmit timing in asynchronous applica- 
tions. In many applications MSI can be tied to TDE. (MSI is 
tied to TDE in MC14403/05.) 


CCl input is designed to accept five discrete clock frequen- 
cies. These are 128 kHz 40 to 60% duty cycle, 1.536 MHz, 
1.544 MHz, 2.048 MHz or 2.56 MHz. The frequency at this 
input is compared with MSI and prescale divided to produce 
the internal sequencing clock at 128 kHz (or 16 times the 
sampling rate). The four clocks in the MHz frequency range 
have only minimum pulse width duty cycle requirements. In 
the asynchronous applications, CCI should be derived from 
transmit timing. (CCI is tied to TDC in MC14400/01/03). 

TDC is the transmit data bit rate input. It can be any fre- 
quency from 64 kHz to 3.088 MHz, and is often tied in com- 
mon to CCI if the data rate is equal to one of the five discrete 
frequencies. This clock is the shift clock for the transmit shift 
register and leading edges produce successive data bits at 
TDD. In asynchronous applications, TDE should be derived 
from this clock. (TDC and RDC are tied together in MC14405 
and are called DC.) 

TDE serves two functions for the transmit data timing. It 


establishes the transmit sync in conjunction with MSI. If the 
leading edges of TDE occur at 8 kHz and both MSI and TDE 


are derived from TDC, then the MSI relationship is trans- 
parent and TDE is simply transmit sync. The leading edge of 
TDE produces the sign bit at TDD during the current TDC 
period. The TDC shifts out the remaining bits at the TDC 
rate. The TDD pin is active as long as TDE is high. If there is | 
more than one TDE leading edge per frame, then the first 
TDE after MSI is the Tx sync. Thus, TDE may be takén low 
to three state TDD after the first leading edge. The additional 
TDE high periods before the next MSI merely un-three-states 
TDD. This can be used for bit interleaved systems. In asyn- 
chronous applications, TDE is derived from TDC. 

TDD is the digital data output. It operates in sync with 
TDC and TDE. It is a three-state output. TDC, TDE, and 
TDD independently control transmit data timing. The data 
format (Mu-Law, A-Law or sign magnitude) is controlled by 
Mu/A. This output may be made high-speed CMOS com- 
patible using a pullup resistor. 

RDC is the receive data clock and works in conjunction 
with RCE and RDD to produce all receive data timing. These 
three signals must be synchronous, but can be asyn- 
Cchronous with all other digital pins. RDC provides the receive 
register clock. The RDC clock may be any frequency from 64 
kHz to 3.088 MHz. ; 

RCE — The rising edge of RCE should identify the sign bit 
of a receive word on RDD. The next falling edge of RDC, 
after a rising RCE, loads the first bit of the PCM word into 
the receive register. The next seven falling edges enter the 
remainder of the PCM word. On the ninth rising edge, the 
receive word is transferred to the receive buffer register and 
the A/D sequence is interrupted to commence the decode 
process. In the asynchronous mode and with an 8 kHz 
transmit sample rate, the receive sample rate should be 
between 7.5 and 8.5 kHz. Two receive words may be decod- 
ed each transmit frame to allow on chip conferencing. 

RDD is the digital data input. It operates synchronously 


with RDC and RCE. The data format is determined by the 
Mu/A pin. 
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A-Law 
(CCITT) 






Sign/ — 
_ Magnitude 


Code 


+ full scale 1010 1010 
+ zero 1101 0101 
— zero 0101 0101 
— full scale 0010 1010 
Sign 
Bit Chord Select Step Select 





Note: Starting from sign magnitude, to change format: 

To Mu-Law — 
MSB is unchanged (sign) 
invert remaining seven bits 
if code is 0000 0000, change to 0000 0010 (for zero code 

suppression) 

To A-Law — ~ 
MSB is unchanged (sign 
invert odd numbered bits 
ignore zero Code suppression — 


Mu/A Select — This pin selects the companding law and 
the data format at TDD and RDD. 

Mu/A=Vpp; Mu255 Companding D3 Data Format with 
Zero Code Supress . 

Mu/A=Vac; Mu255 Companding with Sign Magnitude 
Data Format 

Mu/A=Vss; A-law Companding with CCITT Data For- 
mat Bit Inversions . 

PDI — The power down input disables the bias circuitry 
and gates off all clock inputs. This puts the Txl, RxO, Rx, 
and Tpp outputs into a high impedance state. The power 
dissipation is reduced to 0.1 mW when PDI=V{s or VSs. 
The circuit operates normally with PDI= Vpp or with a logic 
high as defined by connection at Vis. Tpp will not come 
out of high impedance for two MSI cycles after PDI goes 
high. . 

DC — In the MC14405, TDC and RDC are internally con- 
nected to this pin. 


ANALOG 


VAG Analog Ground 

Each version of the PCM mono-circuit produces its own 
analog ground internally. The DC voltage is approximately 
(Vpp- Vss)/2. All analog functions within the device use 
this as a reference point for signal processing. In symetric 
dual supply systems (+5, +6, etc.), VAG may externally be 
tied to the system analog ground supply. The Vac output 
will sink more than 8 mA of current, but can source only 200 
pA. When RxO or RxO are output drives for 600 or 900 loads 


tied to VAG, a pullup resistor to Vpp will be required to: 


boost the source current capability if VAG is not tied to the 
supply ground. 


Vref Positive Voltage Reference Input (MC14402 Only) 

The Vref pin provides for the supply of an external voltage 
reference or for the selection of an internal reference within 
the PCM mono-circuit. If Vref is tied to Vss, the internal 
reference is selected. If Vref > VAG, then the externa! mode 


is selected. In each case, the overload or full scale gains of 
the codec are selected by the reference select pin (RSI). 
Both the internal and external references are inverted within 
the PCM mono-circuit for negative input voltage such that 
only.one reference is required. . 

External Mode — !n the external reference mode (Vref > 
VAG), a 2.5 volt reference like the MC1403 is connected 
from Vref to VAG. A single external reference may be shared 
by tying together a number of V refs and Vacs from different 
PCM mono-circuits. In special applications, the reference 
voltage may be between 2 and 4 volts. However, the gain 
selection logic associated with RSI must be considered to ar- 
rive at the desired PCM mono-circuit gain. 

Internal Mode — In the internal reference mode 
(Vref=VSs), an internal reference supplies the reference 
voltage for the PCM mono-circuit. 


RSI Reference Select Input (MC14401/02 Only) 

The RSI input allows the selection of three different 
overload or full scale voltages independent of the internal or 
external reference mode. The selection of maximum signed 
level is made by connecting RSI to Vpp, VAG or Vss. The 
various modes of operation are summarized in the table 
below. The internal reference is designed to give internal 
gains equal to. those obtained with an external 2.5 volt 
reference. ) 


RxO and RxO Receive Analog Outputs 

These two complimentary outputs are generated from the 
output of the receive filter. They are equal in magnitude and 
out of phase. The maximum signal output of each is equal to 
the maximum peak-to-peak signal described with the 
reference. If a 2.5 V reference is used with RSI tied to VAG 
and a +3 dBm0 sine wave is decoded, the RxO output will 
be a5 V peak-to-peak signal. RxO will also have a signal out- 
put of 5 V peak-to-peak. External loads may be connected 
from RxO to RxO for a 6 dB push-pull signal gain or from 
either RxO or RxO to Vac. With RSI tied to Vss, each out- 
put will drive 600 2 to +9 dBm. With RSI tied to Vpp, each 
output will drive 900 2 to +9 dBm. 


ADDITIONAL PIN DESCRIPTIONS 
RxG Receive Output Gain Adjust (MC14402 Only) 


If RxG is left open, then the output signal at RxO will be in- 
verted and output at RxO. Thus the push-pull gain to a load 
from RxO to RxO is two. times the output level at RxO. If 
external resistors are applied from RxO to RxG (RI) and from 
RxG to RxO (RG), the gain of RxO can be set differently from 
— 1. These resistors should be in the range of 10 kQ. The 
RxO output level is unchanged by the resistors and the RxO 
gain is equal to minus RG/RI(VRxO). The purpose of RxG is 
to allow external receive gain adjustment. The circuit for RxG 
and RxO is shown in the block diagram. 


+ Tx Positive Tx Amplifier Input (MC14402/03/05 Only) 
~— Tx Negative Tx Amplifier Input (MC14401/02/03/05 Only) 
The Tx! pin is the input to the transmit bandpass filter. If 
+ Tx or — Tx are available, then there is an internal amplifier 
preceding the filter whose pins are + Tx, —Tx and Txl. 
These pins allow access to the amplifier terminals to tailor 
the input gain with external resistors. The resistors should be 
in the range of 10k. If + Tx is not available, it is internally tied 
to VAG. If — Tx and + Tx are not available, the Txl is a unity 
gain high impedance input. | 
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Tx! Analog Input 


Tx! is the input to the transmit filter. It is also the output of 
the transmit gain amplifiers of the MC14401/02/03/05. The 
input impedance is greater than 100 k to VAG in the 
MC14400. The Tx! input has an internal gain of 1.0, such that 
a +3 dBm signal at Tx! corresponds to the peak-to-peak 
swing of RxO described above. For +2.5 V_ shared 
references and RSI=VaG, the +3 dBm0 input should be 
5.0 volt peak-to-peak. 


Power Supplies | 

VDD — Mosi Positive Suppiy. Vpp Is typically 10 to 12 
volts. 

Vss — Most Negative Supply. This is the most negative 
supply pin. 


For single-supply systems, these are the only power pins. 
VLS will be tied to Vss or Vpp and VAG is an output. In 
dual-supply systems, Vis may be digital ground and VAG 
may be analog ground. 


Testing Considerations (MC14400/01/02 Only) 


An analog test mode Is activated by connecting MS! and 
CCI to 128 kHz. In this mode, the input of the codec (the out- 
put of the Tx filter) is available on the PDI pin. This input isa 
DC auto zeroed access to the A/D side of the codec. If 
monitored with a high-impedance buffer, the output of the 
Tx low-pass filter can also be measured at the PDI pin. This 
test mode allows independent evaluation of the transmit 
low-pass filter and A/D side of the codec. The receive chan- 
nel of the mono-circuit is tested with the codec and filter 
together. 


TEST CIRCUIT 
5V 
VacL__| mri 
2 es 
Rx <_] = 

O dBr 
HP3779 < | Enable 
O dBr ™ [> CJ Clock 

* To Define RDD 





When TDD ts high Z 


OPTIONS AVAILABLE BY PIN SELECTION 


RSi* Vref* 
Pin Level Pin Level 


VSS 
VAG+ VEXT 
VSS 
VAG + VEXT 
VSs 


Peak-to-Peak Overload Voltage (TxiI, RxO) 


7.56 Vpp 
(3.02 x VexT) Vpp 


5 Vpp 


(2 x VexT) Vpp 
6.3 Vpp 





VAG + VEXT 


"On MC14400/03/05, RSI and Vref tied internally to Vss. 


On MC14401, Vre¢ tied internally to Vss. 


(2.52 x VeExT) Vpp 


SUMMARY OF OPERATION CONDITIONS USER PROGRAMMED 
THROUGH PINS Vpp, Vac, AND Vss 









Magnitude Data Format 
Vss 





Mu-Law Companding Curve and D3/D4 3.78 
Digital Formats with Zero Code Suppress , 
Mu-Law Companding Curve and Sign TTL Levels 
2.50 
VAG Up 
A-Law Companding Curve and 3.15 
CCITT Digital Format , 










RSI 
Peak Overload VLS 
Voltage 


CMOS 
Logic Levels 
TTL Levels 

Vss Up 








COL-S 


TDE 


TDC 


TDD 


TRANSMIT TIMING DIAGRAM 


320 ns min 
tsul 


tsu2 100 ns min 


High Impedance 


* Data output during this period will vary depending on TDC rate and TDE timing. 


RECEIVE TIMING DIAGRAM 


RCE 


100 ns min tsy3 tsud 
RDC | 


RDD Don’t Care 





CCI/MSI! TIMING DIAGRAM 


CCl 


MS! 


100 ns min 


100 ns min 







320 ns min 








PCM Data 






High Impedance 
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THE BASIC VOICE CHANNEL USING THE MC14400 PCM CODEC/FILTER MONO-CIRCUIT 


+5 V 


Tip 


TTL Levels 


Digital In 





Receive Sync 
Receive Clock 
Transmit Clock 


0.1 pF Digital Output 


is Transmit Sync 








Ring 
Digital Gnd 
Power Down 
~5V 
MC14401 PCM MONO-CIRCUIT WITH MC14417 TSAC 
1kQ 
VAG 
+12V 
VRX Rx Data 
Zout = 600 2 Tx Data 
600 
Data Clock 
Tx Sync 
VIX ort I. 
Zin = 600 0 @ Rx Sync 
Power Down 
(TTL Levels) 
+5V 
Hard-Wired z 
Time Slot iz 
Digital GND 
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yel-¢ 


Tip 


Ring 


a a yA eed ey 


A COMPLETE SINGLE PARTY CHANNEL UNIT USING 
MC3419 SLIC, MC14403 PCM MONO-CIRCUIT, MC14418 TSAC 


MDA 220 






Hard- 
Wired 
Address 








Gnd 


Rx Data 


Tx Data 


Data Clock 
Tx Sync 


Hook Status 


VCC 


Bank Status 
Bank Select 
Address 
Data 

Clock 


2 
-48V 
Ring Bus 


GSOVVLOW “COPPLOW ‘ZOPYLOW ‘LOPYLOW ‘OOPYLOW 


MC14400, MC14401, MC14402, MC14403, MC14405 


HYBRID INTERFACES TO MC14401 PCM CODEC FILTER MONO-CIRCUIT 






RallRp=Ro 
Rp= 10 kQ 


“T" Padded Transformer Hybrid Using MC 14401 
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HYBRID INTERFACES TO THE MC14402 PCM CODEC/FILTER MONO-CIRCUIT 





Ro 





Balance by R5 and R6 to equate the Tx! gains through the inverting Tx Gain=R1/R2 


and non-inverting input signal paths, respectively, is given by: Rx Gain= 1+ R3/R4 
R5, R6=10 k 
Adjust Rx Gain with R3 
R1 ( | iy R1\7~__R6 R3\ R57] Adjust Tx Gain with R1 
2xR> \'~ Ra -(1+83) +RO  \Rq/a54 RO : 


Universal Transformer Hybrid Using MC14402 





Single-Ended Hybrid Using MC 14402 
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Lel-¢ 





Data Clock 


Tx Syne 


Rx Sync 


Tx Data 
Rx Data 


Rx Tone 


Hook 


Status Mux 


Bank Status 


Bank Select 


Address 


Data 


Clik 






Line Circuit Backplane 


128 CHANNEL GROUP COMMON CONTROL 
IN A TYPICAL SWITCHING SYSTEM 





Common 
Control 
Logic 


(MSI LS 
and CMOS) 


Rx Data 


Hook Status 
Demux 


8 
iS 


|e] 
ec 
<a 


Vgg=0V 


VeE= —48 
Ringing Bus 


NOTE: See single party line drawing for line card details. 


Optional 
Concentration 










8 Bit Micro Bus 
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unl 
B~‘ 
B.S 
© 
© 
ws 
Master = 
Data Clock oO 
ad, 
Master {> 
Frame Sync a 
1to4 ©o 
ws 
Tx Data = 
Highway O 
_ 
> 
N és Rx Data > 
S Highway (a) 
fon} 
Q INO 
5 uu 
ro) 
XC 145420 5 = 
c 
a ©) 
E ob, 
uo = 
ra AHS 
e © 
® GO 
= on) 
Local Call cy 
Processing = 
Memory 
(ROM, RAM, QO 
EPROM) ah, 
i> 
i> 
© 
or 
Channel 
Group Call Intergroup 
Processor Data Bus 


(Microp) 








(A) MOTOROLA : pS 


BINARY TO PHONE PULSE CONVERTER SUBSYSTEM 


The MC14408 and the MC14409 are devices designed to convert 
a four bit binary input code to a number of serial output pulses 
corresponding to the value of the input code. 

The devices can be used in telephone pulse dialing applications 
when combined with their companion device, the MC14419 
(2-of-8 keypad-to-binary code converter). The devices have been 

Partitioned to allow convenient addition of RAM memory and 
controls for repertoire dialing applications. 

The MC14408 and MC14409 perform identical functions with 
the exception of the signal output at the DRO (Dial Rotating 
Output). In the MC14408, DRO remains high during continuous 
outpulsing of all digits and in the MC14409 DRO is low between 
each digit pulse burst. 


CMOS LS! 


(LOW-POWER COMPLEMENTARY MOS) 


BINARY TO PHONE PULSE 
CONVERTER SUBSYSTEM 


On-Chip Oscillator 

Diode Protection on All Inputs 

Dialing of Numbers Up to 16 Digits Long 

Memory Storage (FIFO) and Re-Dialing (single Bin of Last 
Telephone Number 

Hold Interrupt Control for Additional Interdigit Delays (such as 
a Wait for Intermediate Dial Tones) 

Selectable Dialing Rate (10 pps or 20 pps) 

Selectable Interdigit Time (300 or 800 ms @ 10 pps; 
150 or 400 ms @ 20 pps) 

Selectable Make-Break Ratio (61% or 67%) 


L SUFFIX P SUFFIX 
| CERAMIC PACKAGE PLASTIC PACKAGE 
CASE 620 CASE 648 


PIN ASSIGNMENT 


Buffered Outputs Compatible with Discrete Transistor Driver 
Interface, One Low-power Schottky TTL Load or Two Low- 
power TTL Loads Over the Rated Temperature Range. 

Low Power Dissipation — Ipp (operating with oscillator) 
= 470 vA typ @ Vpp = 5.0 Vdc, fosc = 16 kHz, 

C, = 50 pF 


BLOCK DIAGRAM 


Strobe : 7 
011 Outpulsing 


Binary 
Inputs 


DRO 12 Dial Rotating 
; 1DT Output 
HOL RED MBR This device contains circuitry to protect 
the inputs against damage due to high static 
voltages or electric fields; however, it is 
advised that normal precautions be taken 
to avoid application of any voltage higher | 
than maximum rated voltages to this high 
impedance circuit. For proper operation it. 
is recommended that Vin and Voyt be 
constrained to the range Vss < (Vjn or 
Vout) < Vop. 
Unused inputs must always be tied to an 
appropriate logic voltage level (e.g., either 


Vss or Vpp). 


Hold 9 
Vop = Pin 16 
Call Request 13— Vg = Pin8 
Control Inputs Re-Dial 10 
Interdigit Time 14 


Make-Break Ratio 15——— 
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MAXIMUM RATINGS (Voltages referenced to Vss, Pin 8.) 


ee 
V 


input Voltage, All Inputs 
tee + 0.5 


ae 
Operating Temperature Range | TA | -40 to +85 
Storage Temperature Range -65 to +150 

































ELECTRICAL CHARACTERISTICS 


Characteristic 
Supply Voltage 


Output Voltage ““O"’" Level 
“1 Level 


Noise Immunity 


(SV out < 0.5 Vde) 
(Vout < 0.5 Vde) 


Output Drive Current 
(VOH =2.5 Vde) Source 
(VOH = 4.6 Vdc) 
(VoL =0.4 Vde) — Sink 


70,0000) 


Input Capacitance 12 
(Vin = 0) 


Operating Supply Current 200 
fo, = 16 kHz (operating 
with 
Osc) 





FIGURE 1 — TIMING DIAGRAM — DATA AND STROBE INPUTS FIGURE 2 — TIMING DIAGRAM — CALL REQUEST 


Vpb VDD 

Vop 

(Power) 

D1,D2,D3, 
or D4 Vss oe a aes Some Vss 
tsu(Ds) | th Vv Iannis GO Vv 

pa VOD ——————Vop 

CRO 
ST Vss Vss 


| tWH 


If power is turned off after each call, CRQ must stay high after 
power is applied (for a duration of tpc) to ensure no spurious 
Outpulsing. For this use the redial function is invalid. 
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SWITCHING CHARACTERISTICS (Cc, = 50 pF, Ta = 25°C) 


Characteristic 

Output Rise Time** 
| tTLH = (3.0 ns/pF) Cy + 30 ns 

Output Fall Time** 
tTHL = (1.5 ns/pF) CL + 25 ns 


Power Up to Call Requen Paws «de 

[Cal Request to First Strobe Pulse ——~S~C~“~*~*~sdSC*~iSC*d 

Strobe to Strobe Separation Time ——=SsS~C~iCC SS 

Swope PulseWidth SS SSSSCSCSC~SS 

Strobe to Date Hold Time ——SCSCSCSC~—~—~SCSCST th +d 
Cae 


Clock Frequency es 


Percent Break to Make Ratio 


(MBR = 0) 


(MBR = 1) 


Duspulsing Rate (fop. = “foil 6) . — fOPL 3 to 6 
fol = 32 kHz 


Interdigit Time 3 to 6 
tip = (5x IDT+3)/fop, - 
| IDT =0 
fopL = 10 pps — . : 
, foPL = 20 pps 
IDT =1 
fopL = 10 pps 
| fope=20pps—_ | | 


Strobe to Output Time 3to6 
Initial Outpulsing Stream 
iDT =0 
fopL = 10 pps 
fopL = 20 pps 
IDT =1 
fopL = 10 pps 
fopL = 20 pps 
Continued Outpulsing Stream 
IDT =Oor 1 
-fopi = 10 pps 
fopL = 20 pps 


Hold to Outpulse Time tHOL 3 to 6 
iDT =Oor1 
fop_ = 10 pps : 
fopL = 20 pps ie 
Dial Rotating Overlap Time tpRO 3to6 
fopL = 10 pps 





3 to 6 











Data to Strobe Setup Time (fj = 16 kHz) tsu(DS) 3 to 6 
Re-dial Pulse Width (fg) = 16 kHz) ae E 
“fol in kHz 


**The formula given is for the typical characteristics only. 
*** Minimum clock pulse width = 1.0 us. 
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MC14408, MC14409 


FIGURE 3 — PHONE DIALER SYSTEM TIMING DIAGRAM 


CRQ 
tcs tss 
1st (3)* 2nd (2) 3rd (5) 
ST TEDDIES ER NEDA EE ES 


-_-2_ = 
|. La 


























kM a 
. YFOPL torRO 
tpRO 
tso| 5 tip ; . 
pon %MB = 100 
CRQ Bt+M 
4th (1 
ST se 
HOL 





‘pela (ieena eee wae a oe ee 




















. 5th (6) 6th (1) 
ST oe me ae Reece 
HOL 
ae 
DRO 
OPL 





Notes: 

(*)1st, 2nd, 3rd, etc., denotes Strobe pulse sequence — i.e., which digit 
in the phone number is being dialed. The number in parentheses de- 
notes the numerical value of the digit being dialed. The examples 
define the various voltage — level and timing requirements, not a 
complete phone number. 

(**)For the MC14408 the DRO signal will remain high provided digits 
remain in the memory, or a digit for continuing outpulsing is strobed 
in before the anticipated falling edge of the most significant digit in 
the memory. (i.e., [200% MB] ms after the most significant out- 
pulsing edge). The time from Strobe to DRO can be Oto 100 ms. 

(***)For the HOL signal to hold a next digit (e.g. the 4th, etc.,) the HOL 
falling edge must not appear after [tjp-%MB + 100] ms the last 
outpulsing edge of the previous digit. 
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MC14408, MC14409 


FIGURE 4 — COMPONENT SELECTION FOR 
OSCILLATOR/CLOCK FREQUENCY 


7.118 
f.1 = where f,; in kHz, Lin mH, 
l= J ic . 


To Pin 1 To Pin 2 C= C1 = C2 in uF 


be %t oy = -0.5 [%C + %L] +3.0 where %F,) %C, %L are 

. A the frequency. capacitor, and 

inductor tolerances in per- 

a es Cl : cent. The +3.0% accounts 


for supply voltage and am- 
bient temperature variations. | 





EXAMPLE 


OUTPULSING RATE 
L %L C=C1=C2 %C |. fo; %fo} foPL = fc\/1.6° 
+5.0 0.04 uF +5.0 ~16 kHz +8.0 =10 pps 
+5.0 0.01 uF +5.0 32 kHz +8.0 +20 pps 





FIGURE 5 — TRUTH TABLE 


OUTPUTS 


1 During outpulsing 
digit = binary combination of (0) Otherwise 
D4, 03, 02, 01. * : ; 
Digits of number in memory 1 Ouring outpulsing 
re-sent 10 Otherwise 


1 After conclusion of 0 After conctusion of digit 
digit being outpulsed. being outpulsed 


300 ms Interdigit time 
800 ms Interdigit time 
61% (~1.6:1) Make-Break Ratio 
67% (~2:1) Make-Break Ratio 


fo) = 16 kHz 





X = Don’t Care 


* With the exception of 
0000 which will give 10 pulses. 


t Refer to timing diagram Figure 3. 
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MC14408, MC14409 


DEVICE OPERATION 


OSCILLATOR (Ose, Pin 1) 

This pin is an input to the internal oscillator and feed- 
back connection for the L-C m-network. An external clock 
signal, if desired can be applied to Osc. 


CLOCK (Cik, Pin 2) 


This pin is an output from the internal oscillator and 
feedback connection for the L-C m-network and provides 
the system clock for the MC14419 bounce eliminator 
circuitry. 


STROBE INPUT (ST, Pin 3) 

This Strobe input, when high (ST = Vpp), signifies 
that the data at the D1, D2, D3, and D4 inputs is valid, 
and enters the 4-bit number into the internal FIFO 
(First-In, First-Out) memory for subsequent outpulsing. 
The first strobe pulse after a call is requested (CRO 
= low) clears the memory of any previous number and 
enters the first digit of the new number. Successive 
strobe pulses will store up to a maximum of 16 digits in 
the internal FIFO memory, which ignores all digits 
entered in excess of that amount until a new call its 
requested. 


DATA INPUTS (D4, D3, D2, D1, Pins 4, 5, 6, 7) 


These pins are the Data inputs to the internal memory. 
A binary coded digit number entered will result in an 
equivalent number of pulses at the OPL (outpulsing) 
output, except for the code 0000, which will outpulse 
10 pulses. 


NEGATIVE POWER SUPPLY (Vg, Pin 8) 


This pin is the negative power supply connection. 
Normally this pin is system ground. 


HOLD (HOL, Pin 9) 

When taken low (HOL = Vss), the Hold input disables 
the outpulsing at the completion of the digit being out- 
pulsed. When taken high, outpulsing resumes. This feature 
can be used in multi-dial-tone phone systems to provide 
longer interdigit pauses when necessary. 


RE-DIAL (RED, Pin 10) 

The Re-Dial input, when taken low (RED = Vss) 
automatically outpulses the digits entered into memory 
after the last time a call was requested. 


OUTPULSING (OPL, Pin 11) 


The Outpulsing output sends out bursts of pulses 
equivalent to the digits of the telephone number stored in 
the memory. The duty cycle and interdigit time of the 
digit puise bursts are controiied, respectively by the MBR 
(Pin 15) and IDT (Pin 14). 


DIAL ROTATING OUTPUT (DRO, Pin 12) 


The Dial Rotating (also known as ‘‘Off Normal’’) 
Output provides a signal which indicates that digit pulse 
bursts are being sent. In the MC14409, DRO goes high 
(Vpp) at the beginning of the first digit pulse burst and 
goes low (Vss) between succeeding consecutive digit 
pulse bursts. In the MC14408, however, DRO goes high at 
the beginning of the first digit pulse burst and remains 
high until the last digit pulse burst of the telephone 
number has been sent (see Timing Diagram, Figure 3). 


CALL REQUEST (CRO, Pin 13) 

The Call Request input when taken low (CRO = Vss) 
resets internal counters and prepares the internal logic to 
either accept new digit inputs to be dialed, or to re-dial 
(see RED, Pin 10) the digits stored in the memory. 


INTERDIGIT TIME (IDT, Pin 14) 

The Interdigit Timing input determines the length of 
time between consecutive digit pulse bursts. See the 
Interdigit Time (typ) in the switching characteristics for 
the length of time. 


MAKE-BREAK RATIO (MBR, Pin 15) 

The Make-to-Break Ratio input controls the duty cycle 
of the digit pulse bursts at the OPL output. For MBR 
= Vpp, duty cycle = 67% low, 33% high; and for MBR 
= Vss, duty cycle = 61% low, 39% high. 


POSITIVE POWER SUPPLY (Vpp, Pin 16) 
This pin is the package positive power supply pin. 
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MC14408, MC14409 


FIGURE 6— KEYPAD TO PULSE DIALER FLOW DIAGRAM 


Pick-up Head-set j | 
Dial-tone heard 


Keyboard buttons pressed * Re-dial button pressed * 
(previous number cleared). (previous number held). 
Dial tone stops with 1st digit, Dial tone stops with 1st digit, 
but receiver connects to line but receiver connects to line 
after each digit sent. t after each digit sent. t 





Error. Error. Error. 
Data entry error Too many digits put No number 
recognized by in (>16). Ignores in memory, 
person dialing. excess. 


*A number can be interrupted between 


Call made with success digits by use of the Hold Input. 
or busy signal. : 


tWith the MC14408 the fine connects after 


total outpulsing has stopped. 
Hang-up Head-set 





FIGURE 7— PHONE DIALER SYSTEM 


MC14419 | : MC 14408, MC14409 
Binary-to-Phone Pulse Converter 


| s 


2-of-8 Keypad-to-Binary Encoder 







1 *C2 
15¢ 
= 
10 GR1 = Clock Vss 
Row 20 GR2 sT ee eee 
Inputs 30 &GR3 011 Outpulsing 
D4 
F 40 GR4 ‘ 
rom 
D3 
Keypad - ; 
Keypad. 50 dci 
Column 60 Gc2 D2 10 912 Dial Rotating 
Inputs ) 70 Gc3 D1 " Lo Output** 
906 ne (QiCc4 
[ eel Dad ——T ae ee | 
Hold 9 
Call Request 13 Vop 7 oe 16 
Vpp = Pin 16 Mc14408/409 ie ae Ves Fins 
Vss = Pin8 | Control Inputs 
Interdigit Time 14 
: **Between each digit 
Make-Break Ratio 15 pulsetrain, MC14408 
DRO stays high, 
MC14409 DRO goes low. 


*For Component Value Selection See Figure 4. 
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MC14408, MC 14409 


FIGURE 8— STANDARD K-500 TELEPHONE 


Dial Rotated 
. (Off Normal) 






ay 


a (7) ai 
li 
ee V PS 
| 
| 





r Dial Pulse RR | 
| Hookswitch \) 


To 
Phone 
Lines 


| 
| 
| 
| 
| 
La (d) cel Be ice os F | | 
| 
| 
| 
| 
| 


Encapsulated 
K-500 Circuitry _J 









Vss 
O OO 
MDA920 bazostgaa 
(optional) (d) (e) 
galehci te | 
S 
L2 
Q 
S 
L1 (6) wea | | 
K 


| 

| 

| 

| | 

| 

= ie 
Phone | Hookswiteh | 
oun mecsiat oo eee 
ae fea a | | 

| 

| 


Encapsulated 
K -500 Circuitry si 





Re-dial 
(SPDT Mo mentary) 
o~ Vss 
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(AA) MOTOROLA MC14410 


2-OF-8 TONE ENCODER 
CMOS LSI 


The MC14410 2-of-8 tone encoder is constructed with comple- WeWwROWeR COMPLEMENTARY MOS) 


mentary MOS enhancement mode devices. It is designed to accept 
digital inputs in a 2-of-8 code format and to digitally synthesize the 
high and low band sine waves specified by telephone tone dialing 
systems. The inputs are normally originated from a 4 x 4 matrix 
keypad, which generates 4 row and 4 column input signals in a 
2-of-8 code format (1 row and 1 column are simultaneously connected 
to Vss). The master clocking for the MC14410 is achieved froma 
crystal controlled oscillator which is included on the chip. Internal 
clocks, which operate the logic, are enabled only by one or more 
row and column signals being activated simultaneously. The two 
sine wave outputs have NPN bipolar structures on the same substrate 
which allows for low output impedance and large source currents. 
Applications of this device include telephone tone dialing, radio and 
mobile telephones, process control, point-of-sale terminals, and 
credit card verification terminals. 


2-OF-8 TONE ENCODER 


L SUFFIX -P SUFFIX 
CERAMIC PACKAGE PLASTIC PACKAGE 


® Diode Protection on All Inputs CASE 620 CASE 648 


@ Noise Immunity = 45% of Vpp Typical 
@ Supply Voltage Range = 4.4 Vdc to 6.0 Vdc 
@ 


On-Chip Oscillator (Crystal or External Clock Source may be 


applied to Pin 10) 
PIN ASSIGNMENT 


On-Chip Pull-Up Resistors on Row and Column Inputs 


Designed with Multiple Key Lockout (Eliminates Need for Me- 
chanical Lockout in Keypad) 


. Two Sine Wave Generators On-Chip 
Frequency Accuracy +0.2% 
Low Harmonic Distortion 
Single Tone Capability 
Fast Oscillator Turn-On and Turn-Off Times 


ot Oscout 


BLOCK DIAGRAM 


Sine Wave 
Row TN Generator 


Inputs Control} 
Counter _ Decoder 
20 
Oscillator 


Oscillator and 7 Test 
Connections Multiple r ~ PointA 


Oscout Key Disable 
20 
courte: | 
Column 


Inputs Sine Wave 15 High 
Generator Band Out 


This device contains circuitry to protect 
the inputs against damage due to high 
static voltages or electric fields; however, 
it is advised that normal precautions be 
taken to avoid application of any voltage 
higher than maximum rated voltages to 
this high-impedance circuit. A destruc- 
tive high-current mode may occur if Vin 
and Voyt are not constrained to the range 
Vss (Vin Or Vout) < Vpp- 

Due to the sourcing capability of this 
circuit, damage can occur to the device if 
Vpp is applied, and the outputs are shorted 
to Vss and are at a peak sinewave voltage. 
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MC14410 


MAXIMUM RATINGS (Voltages referenced to Vgg, Pin 8.) 


Rang ‘YS [vate 


input Voltage, All Inputs 













Operating Temperature Range ie ee -40 to +85 
Storage Temperature Range -65 to +150 











ELECTRICAL CHARACTERISTICS 






Characteristic 





Pins 7 and 9 











Input Voltage 
(Vo = 4.5 or 0.5 Vdc) ‘0’ Level 
(Vo = 0.5 or 4.5 Vdc) ‘1’ Level 












Output Drive Current 
(VoH = 2.5 Vde) Source 
Pin 7 

Pin9 

(Vo. = 0.4 Vdc) Sink 
Pin 7 

Ping 











Input Pull-Up Resistor Source Current 
(Vin = 0 Vde) Pins 3-6, 11-14 
input Capacitance 






Quiescent Current 











Total Supply Current 
(Dynamic plus Quiescent) 
(Ry = 15 kQ, f = 1 MHz) 


Low Band Output 
Voltage Swing Pin 2 Only 750 


VLpp 
4.4 400 600 500 600 
(Ri = 100 k) Mr 800 1000 | 900 1000 | 1100 1150 
High Band Output VHpp 
Voltage Swing Pin 15 Only 4.4 600 900 700 850 1000 800 1100 
(Ri = 100 k) 6.0 1000 1400 1100 1350 1500 1200 | 1600 
Low Band—High Band AV 5.0 2.5 
Voltage Differential 
Low Band—High Band Pin 2,15 Zo 
Low Band—High Band Pin 2,15) VoH-V14H 44 -20 ~30 ~25 ~25 
2nd thru 14th Harmonics to 
(Rp =15kQ) eet FTP PTE yee 
Aa AS a I a RT LC 


Turn-on Time ton 5.0 ms 
(Power on to oscillation) 






















~ 
=) 
ron) 
on 
or oi 
ae 
3 
< 
xe) 
se) 







F 
< 
BD 
TU 


Q 
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MC14410 













Amplitude 


TABLE 1 — FUNCTIONAL TRUTH TABLE 


ACTIVE LOW INPUTS 


Activated Activated 


Row Lines 






x** 


Two or more 


Two or more 


*See Table 2 
**X = Don’t care 






Column Lines 


Pin 2 
[None | de tevel 
fone gee 
[one [de tevel 





OUTPUTS. 


High Band 
Pin 15 







FIGURE 1 — TYPICAL SINE WAVE OUTPUT 
(Pins 2 or 15, No External Filtering) 


R¢ = 15 M&2 + 10% 
CRYSTAL SPECIFICATION 
Crystal Mode 

Frequency 

Rs 

Co 

Temperature Range 

Test Level 


Test Set 


Time 









= 


Gain (~dB) 


TABLE 2 — OUTPUT FREQUENCY TABLE 
Input Line Frequency Generated** 


Activated (low) 





** All frequencies are accurate to +0.2% (crystal tolerance 
not included). 


FIGURE 2 — TYPICAL FREQUENCY SPECTRUM 
(Pins 2 or 15, No External Filtering) 


-20 





-80 
| 


F undamental Frequency 


FIGURE 3 — TYPICAL CRYSTAL CIRCUIT 


Parallel 

1 MHz +0.1% 

54022 typ 

7.0 pF typ 

-40°C to +85°C 

1 mW 

TS—336/TSM or Equivalent 


*Recommended Crystalis: CTS KNIGHT 





Column tn 


High Band 


MC14410 


Low Band 
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MC14410 


FIGURE 4 — TYPICAL TELEPHONE INTERFACE APPLICATION 


Rectifier Assembly 
ee ane Telephone MDA920 4 
Bone Terminals (optional) 


eaiege 


Voo 
INS233 ¢ 
6.0V 
Low Band 


MC 14410 


ig a 


R4 Vss 
c4 C3 c2 C1 Transmitter Telephone 
, Line 
Connections 


! Receiver 
| 
| Common | 
Interface | Switches | 
Note: Application using standard telephone keypad. Circuitry | on Keypad j 





FIGURE 5 — LOW LEVEL OUTPUT FIGURE 6 — BATTERY POWERED OPERATION 
TONE GENERATOR APPLICATION (Driving Audio Speaker) 


Voo 


Low Band 


MC 14410 MC 14410 


High Band level input High Band 
(-40 dB Attenuation) 


Speaker or 
Acoustical 
Coupler 


To Common 


Note’ Application using Chomerics Keypads #ER21623 (4 rows x 3 cotumns) of Keyboard, 


Note. Application using Chomerics Keypads #ER21623 (4 rows x 3 columns) 
#ER21611 (4 rows x 4 columns) 


#ER21611 (4 rows x 4 columns) 
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(AA) MOTOROLA  MC14411 


CMOS LSI 


(LOW-POWER COMPLEMENTARY MOS) 


BIT RATE GENERATOR 


The MC14411 bit rate generator is constructed with complementary 
MOS enhancement mode devices. It utilizes a frequency divider net- 
work to provide a wide range of output frequencies. 

A crystal controlled oscillator is the clock source for the network. A 
two-bit address is provided to select one of four multiple output clock 
rates. 

Applications include a selectable frequency source for equipment in 
the data communications market, such as teleprinters, printers, CRT 
terminals, and microprocessor systems. 


@ Single 5.0 Vdc (+5%) Power Supply 

@ Internal Oscillator Crystal Controlled for Stability (1.84382 MHz) 
Sixteen Different Output Clock Rates 

50% Output Duty Cycle 

Programmable Time Bases for One of Four Multiple Output Rates 
Buffered Outputs Compatible with Low Power TTL 

Noise Immunity = 45% of Vpp Typical 

Diode Protection on All Inputs | 

External Clock May be Applied to Pin 21 

Internal Pullup Resistor on Reset Input 


BIT RATE GENERATOR 


L SUFFIX 
CERAMIC PACKAGE 
CASE 623 


P SUFFIX 
PLASTIC PACKAGE 


CASE 709 





MAXIMUM RATINGS (Voitages referenced to Vss, Pin 12.) 


Rating Symbol 
DC Supply Voltage Range 5.25 to —0.5 


Input Voltage, All Inputs V 
Vss—0.5 

DC Current Drain per Pin fF otf 10 | mA 

Operating Temperature Range 

Storage Temperature Range 


















Reset []10 
Not Used {]11 





BLOCK DIAGRAM 


Vpp= Pin 24 
Vss=Pin 12 











Dividers This device contains circuitry to protect the 


inputs against damage due to high static 
voltages or electric fields; however, it is ad- 
vised that normal precautions be taken to 
avoid application of any voltage higher than 
maximum rated voltages to this high im- 





Crystalijn 210 
Oscillator 


Circuit eee 
*Crystaloy; 200 x64 | 
Reset 100 


* See Figure 2 for typical 
crystal oscillator circuits. 019 F16 


* * When Reset=0, outputs F1 thru F14=0, outputs F15 and F16=1. 





pedance circuit. For proper operation it is 
recommended that Vin and Voyt be con- 
Strained to the range Vsss(Vjin_ or 
Vout) $ VDD. 

Unused inputs must always be tied to an 
appropriate logic voltage level (e.g., either 


Vss or Vpp). 
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MC14411 


| ELECTRICAL CHARACTERISTICS 
Characteristic 


Supply Voltage 
Output Voltage 0" Level 
“1” Level 


Input Voltage 
(Vo =4.5 or 0.5 V) 


(VQ =0.5 or 4.5 Vdc) 
Output Drive Current 

(VOH=2.5 Vi Source 

(Vo_L=0.4 V) Sink 


L . 
Input Current 
Pins 21, 22, 23 ; + 0.00001 
Pin 10 0am 
5 


Input Capacitance (Vip = 0) Cin | 60 | = | 


Power Dissipation® * t 
(Dynamic plus Quiescent) 
(C; = 15 pF) 

Output Rise Time*”* 
tr= (3.0 ns/pF) CL + 25 ns 

Output Fall Time** 
tf= (1.5 ns/pF) CL +47 ns 


Input Clock Frequency CL 
Clock Pulse Width 


| Reset Pulse Width tWi(R) 


tFor dissipation at different external capacitance (C,) refer to corresponding formula: 
PT(CL=Pp+2.6x 10~ 3(C, — 15 pF) Vpp2f 
where: PT, Pp in mW, C_ in pF, Vpp in Vdc, and f in MHz. 

**The formula given is for the typical characteristics only. 


= 


Comal 
pan! 
2) 
ee 


TABLE 1 — OUTPUT CLOCK RATES 


| 
isa 


ha 
0 0 X1 
0 ] x8 
1 0 X16 
1 1 x64 


Output Output Rates (Hz) 


Number 
9600 









“F16 is buffered oscillator output. 
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+0.1 
=7.5 








MC14411 





FIGURE 1 — DYNAMIC SIGNAL WAVEFORMS 


90% 
Input 10% 


90% 


Output ui 


tTLH 





FIGURE 2 — TYPICAL CRYSTAL OSCILLATOR CIRCUIT 


Rate Select 
Reset A 


Bit Rate 
Clock Outputs 


20 


Crystal Specifications 

Crystal Mode Parallel 

Frequency 1.8432 MHz +0.05% @13 pF 
540 2 max 
7.0 pF max 

Temperature Range 0 to 70°C 

Test Level 1 mW 

Test Set TS — 330/TSM or Equivalent 


"Suggested Crystal Suppliers: 
Tyco, CTS Knights 


Circuit diagrams utilizing Motorola products are included as a means 
of illustrating typical semiconductor applications; consequently, 
complete information sufficient for construction purposes is not 
necessarily given. The information has been carefully checked and is 
believed to be entirely reliable. However, no responsibility is assum- 
ed for inaccuracies. Furthermore, such information does not convey 
to the purchaser of the semiconductor devices described any license 
under the patent rights of Motorola Inc., or others. 
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MOTOROLA 


UNIVERSAL LOW SPEED MODEM (0-600 bps) 


The MC14412 contains a complete FSK (Frequency-Shift Keying) 
modulator and demodulator compatible with both foreign (C.C.1.T.T. 
standards) and U.S.A. low speed (0 to 600 (bps) communication net- 
works. 


On-Chip Crystal Oscillator with External Crystal 
Echo Suppressor Disable Tone Generator 
Originate and Answer Modes 
Simplex, Half-Duplex, and Full-Duplex Operation 
On-Chip Sine Wave Generator 
Modem Self Test Mode 
Single Supply: 
Vpp =4.75 to 15 Vde MC14412FP, MC14412 FL 
Vpp =4.75 to 6.0 Vde MC14412VP, MC14412VL 


Selectable Data Rates: 0-300, 0-600 bps 
Post Detection Filter 
TTL or CMOS Compatible Inputs and Outputs 


BLOCK DIAGRAM 


30 1 MHz Clock 
40 Oscillator Divider 


7 Stage 
Transmit Frequency 
Enable Counter 


Transmit aa 
Data 7 ERT 
Ricae odulator 


Frequency 


Type Decoder 


Echo 
TTL Pull Up 


: ae 
Disable fa 
ete aT. 


Receive Data Rate 60 


Data Rate 
Generator 
VoD tH 3 
Reset 50 ail Buffered = Post- 
Receive Data 70 Output Detection 
tae 2 


Self Test 2€ 


Register Filter 
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CMOS LSI 


(LOW-POWER COMPLEMENTARY MOS) 


UNIVERSAL LOW SPEED 
(0-600 bps) 
MODEM 


L SUFFIX P SUFFIX 
CERAMIC PACKAGE PLASTIC PACKAGE 
CASE 620 CASE 648 


ORDERING INFORMATION 
MC144XX Suffix Denotes 
E L Ceramic Package 
P Plastic Package 
F 4.75 to 15 Vde 
V 4.75 to 6.0 Vde 


Sine Wave 59 Transmit Carrier 
Generator (FSK Output) 


Demodulator a 
Counter ange 
Detector 
Demodulator 
Decoder 


Receive 
Carrier. 


Vpp= Pin 16 
Vss=Pin 8 





MC14412 


ELECTRICAL CHARACTERISTICS 


Characteristic 


Output Voltage Pin 7 Only 
“O'" Level 
Vin=Vpp ord 
“1” Level 
Vin=0 or Vpp 

























Input Voltage* 
. “0” Level 
(VQ =4.50r0.5 V) 
(Vo =9.0 or 1.0 V) | 
(Vo = 13.5 or 1.5 V) 
“1 Level 
Pin 15 © 
Wox 0.5 or 4.5 V) 
(Vo=1.0 or 9.0 V) 
(Vo=1.5 or 13.5 V) 
Output Drive Current 
Pin 7 Only 
(VQH = 2.5) 
(VOH = 9.5) 
(VOH = 13.5) 
(VoL =0.4) 
(Voy = 0.5) 
(VoL = 1.5) 


Input Current +0.0000 
(Pin 15=Vpp) 


Input Pull-Up Resistor 
Source Current 
(Pin 15=Vss, 
Vin = 2.4 Vdc) 
Pins 1, 2, 6. 6, 10, 11 
12, 13, 14 


Input Capacitance 


Total Supply Current 
(Pin 15=Vpp) 
























Modulator/Demodulator 
Frequency 
Accuracy 
(Excluding Crystal) 


Transmit Carrier Output 
2nd Harmonic 
Transmit Carrier Output 


Voltage (Ru = 100 kQ) 
(Pin 9) 


Maximum Receive 
Carrier Rise and Fall 
Times (Pin 1) 


Maximum Oscillator 

: MH 
Minimum Clock Pulse 
Cee ek ne eae 


"DC Noise Immunity (Vj,_, Vj) is defined as the maximum voltage change from an ideal ‘'0" or ‘'1’’ input level, that the circuit will withstand 
before accepting an erroneous input. 
**Note: Only 5-Volt specifications apply to MC14412VP devices. 
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MC14412 


MAXIMUM RATINGS (Voltages referenced to Vss, Pin 8) This device contains circuitry to protect the 


inputs against damage due to high static 
voltages or electric fields; however, it is ad- 
vised that normal precautions be taken to 
avoid application of any voltage higher than 
maximum rated voltages to this high im- 
pedance circuit. For proper operation it is 
recommended that Vin and Vout be con- 
strained to the range Vss<(Vin_ or 
Vout) S$ VDD. 

Unused inputs must always be tied to an 
appropriate logic voltage level (e.g., either 


Vss or Vpp). 


DC Supply Voltages 
MC14412FP, FL 
MC14412VP, VL 


Input Voltages, All Inputs Vin 


—0.5 to 15 
-—0.5 to 6.0 


Vpp + 0.5 to 





Storage Temperature Range 


PIN ASSIGNMENT 


VDD 
TTLD 


140 Type 
13 QEcho 
12 § Tx Enable 


109 Mode 
90 Tx Car 





DEVICE OPERATION 


GENERAL 


Figure 1 shows the modem in a system application. The 
data to be transmitted is presented in serial format to the 
modulator for conversion to FSK signals for transmission 
over the telephone network. The modulator output is buf- 
fered/amplified before driving the 600 ohm telephone line. 

The FSK signal from the remote modem is received via the 
telephone line and filtered to remove extraneous signals such 
as the local Transmit Carrier. This filtering can be either a 
bandpass which passes only the desired band of frequencies 
or a notch which rejects the known interfering signal. The 
desired signal is then limited to preserve the axis crossings 
and fed to the demodulator where the data is recovered from 
the received FSK carrier. 


INPUT/OUTPUT FUNCTIONS 
Figure 2 shows the I/O interface for the MC14412 low- 
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speed modem. The following is a description of each in- 
dividual signal. 


TYPE (Pin 14) 


The Type input selects either the U.S. or C.C.1.T.T. opera- 
tional frequencies for both transmitting and receiving data. 
When the Type input=‘'1", the U.S. standard is selected 
and when the Type input=‘’0’’, the C.C.I.T.T. standard is 
selected. 


TRANSMIT DATA (Tx Data, Pin 11) 


Transmit Data is the binary information input. Data 
entered for transmission is modulated using FSK techniques. 
When operating in the U.S. standard (Type=''1"’) a logic 
‘'1"" input level represents a Mark or when operating in the 
CCITT standard (Type=‘'0") a logic ‘1’ input level 
represents a Mark. 





MC14412 


FIGURE 1 — TYPICAL LOW-SPEED MODEM APPLICATION ; 


Transmit Data 








Parallel Format . | Data Few 
a ~ | =< 
‘ T™ : ; 
ee Pel oectianst | Supe Telephone 
ransmitter 1 |2 Car Network 
| Mc14412 | FSK 
| Format 
Terminal Rx Data | Banepa 
Reesiver > Demodulator Fitter 
and Limiter 
Receive Data 
Parallel Format 
Since the modulator and demodulator sections of the MC14412 are 
functionally equivalent to those of the MC6860, additional application 
information can be obtained from the following Motorola publica- 
tions: 
AN-731 Low-speed Modem Fundamentals 
AN-747 Low-speed Modem System Design Using the MC6860 
EB-49 Application Performance of the MC6860 MODEM. 
FIGURE 2 — MC14412 INPUT/OUTPUT SIGNALS 
1.0 MH 
"CRYSTAL SPECIFICATION As 
ystal 
Crystal Mode — Parallel ; 
. Frequency — 1 MHz +0.1% (] 
Rs =540 2 typ | 
Co=7 pF typ 
Temperature Range — 40°C to’ + 85°C \ 
Test Level — 1 mW \ 
Suggested Crystal Suppliers | 
Tyco, CTS Knight and a 
Motorola Crystal Products Modulator 
Re=15 mM +20% | Po hentai iano 
To To 
Data Terminal Control Telephone 
Equipment Network 





Demodulator 





Ra Data Rate 
Reset 
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TRANSMIT CARRIER (Tx Car, Pin 9) 


The Transmit Carrier is a digital-synthesized sine wave 
derived from a 1.0 MHz oscillator reference. The Tx CAR has 
an AC output impedance of 5 kQ typical. The frequency 
characteristics are as follows: 


United States Standard 
Type="'1" 
Echo = “0” 


Tx Data Tx Car 





Originate ae Mark Fe 1270 Hz 


Originate cl Space roe 1070 Hz 
Answer ie Os Mark mae 2225 Hz 
Answer "0" Space Or 2025 Hz 


C.C.1.T.T. Standard 
Type= 0" 
Echo= "0" 


Tx Data 
Channel ee 980 Hz 
No. 1 7 8 a 1180 Hz 


Channel oe 1650 Hz 
No. 2 a 0 1850 Hz 





Echo Suppressor Disable Tone 
Type = ‘‘0"’ 
Echo=""4" 


TRANSMIT ENABLE (Tx Enable, Pin 12) 
The Transmit Carrier output is enabled when the Tx 


Enable input= ‘'1’’. No output tone can be transmitted when 
Tx Enable=‘’0". 


MODE (Pin 10) 

The Mode input selects the pair of transmitting and 
receive frequencies used during modulation and demodula- 
tion. When Mode=‘'1", the U.S. originate mode is selected 
(Type input=‘'1"’) or the C.C.1.T.T. Channel No. 1 (Type in- 
put='‘0"’). When mode="'0", the U.S. answer mode is 
selected (Type input=‘'1"’) or the C.C.1.T.T. Channel No. 2 
(Type input = ‘‘0"’). 


ECHO (Pin 13) 


When the Echo input=‘'1" (Type=‘'0"", Mode=’'0", Tx 
Data=‘'1'’) the modulator will transmit a 2100 Hz tone for 


disabling line echo suppressors. During normal data 
transmission, this input should be low="'0". 


RECEIVE DATA (Rx Data, Pin 7) 

The Receive Data output is the digital data resulting from 
demodulating the Receive Carrier. 
RECEIVE CARRIER (Rx Car, Pin 1) 


The Receive Carrier is the FSK input to the demodulator. 
This input must have either a CMOS or TTL compatible logic 
level input (see TTL pull-up disable) at a duty cycle of 50% 
+2%, that is a Square wave resulting from a signal limiter. 


RECEIVE DATA RATE (Rx Rate, Pin 6) 


The demodulator has been optimized for signal to noise 
performance at 300, and 600 bps. 


0-300 bps ni 
0-600 bps Re 
SELF TEST (ST, Pin 2) 


When a high level (ST =‘'1’’) is placed on this input, the 
demodulator is switched to the modulator frequency and 
demodulates the transmitted FSK signal. 






RESET (Pin 5) 

This input is provided to decrease the test time of the chip. 
In normal operation, this input may be used to disable the 
demodulator (Reset=‘'1'’) — otherwise it should be tied 
low=‘'0''. The reset pin does not reset Rx data pin 7. 


CRYSTAL (Oscjn, Oscout, Pin 4, Pin 3, respectively) 

A 1.0 MHz crystal is required to utilize the on chip 
oscillator. A 1.0 MHz square wave clock can also be applied 
to the Oscjn input to satisfy the clock requirement (see 
Figure 2). 

When utilizing the 1.0 MHz crystal, external parasitic 
Capacitance, including crystal shunt capacitance, must be 
<9 pF at the crystal input (pin 4). Pin 4 is capable of driving 
only one CMOS input. 


TTL PULL-UP DISABLE (TTLD, Pin 15) 

To improve TTL interface compatibility, all of the inputs to 
the MODEM have controllable P-Channel devices which act 
as pull-up resistors when TTLD input is low (''0’'). When the 
input is taken high (’’1’’) the pull-up is disabled, thus reduc- 
ing power dissipation when interfacing with CMOS. Pin 15 
should be taken high (’’1"') with Vpp greater than 6 volts. 


FIGURE 3 — M6800 MICROCOMPUTER FAMILY BLOCK DIAGRAM 


M C6800 
Microprocessor 







Address Data 
Bus Bus 
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Modem 
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Receive 
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FIGURE 4 — TRANSMIT CARRIER SINEWAVE 


Ry = 100 k VpDD=5V (TxCar) 





_ Amplitude 





Time 


FIGURE 5 — TYPICAL TRANSMIT CARRIER FREQUENCY SPECTRUM 
OF 


= 20 


-40 


Gain (dB) 


— 60 





Ist 2nd Frequency 
Harmonic 
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MC14413-1 
MC14413-2 


| (AA) MOTOROLA MC14414-1 
~—6©MC14414-2. 










CMOS LSI 


(LOW-POWER COMPLEMENTARY MOS) 


PULSE CODE MODULATION 
SAMPLED DATA FILTERS 


PULSE CODE MODULATION SAMPLED DATA FILTERS 


The MC14413-1, -2 and MC14414-1, -2 are sampled data, switched 
capacitor filter |Cs intended to provide the band limiting and signal 
restoration filtering necessary in PCM Codec voice digitization systems. 
Both ICs are capable of operating from either a single or split power 
supply and can be powered-down when not in use. Included on both 
chips are two totally uncommitted op amps for use elsewhere in the 
systems as | to V converters, gain adjust buffers, etc. 





Transmit Band-pass and Receive Low-pass (MC14413-1, -2) 
Transmit and Receive Low-pass (MC14414-1, -2) 
D3/D4 Specifications (MC14414-2/ 13-2) 


CCITT Specification (MC14414-1/ 13-1) 

Low Operating Power Consumption — 30 mW (Typical) 

Power Down Capability — 1 mW (Maximum) | L SUFFIX P SUFFIX 
Single Supply Capability when Used with MC14404/6/7 Codecs Gc tee 
+5 to +8 Volt Power Supply Ranges 


Receive Filter Compatible with 15% to 100% Duty Cycle PAM Inputs 
with Sinx/x Correction 


No Precision Components Required (MC14413-1, -2) 
TTL Compatible Inputs Using VLS Pin | 


Two Operational Amplifiers Available to Reduce System Component 
Count 





BLOCK DIAGRAM PIN ASSIGNMENT - 


o> LPO (MC14414) 
9 TxO (MC14413) 


lL 


Filter 


Timing |__| Level Shift 
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MAXIMUM. RATINGS (Voltages. referenced to Vss) 


Syiba 








This device contains circuitry to protect 








DC Supply Voltage ae toe Vpb-VSs —0.5 to 18 the inputs against damage due to high static 

: —— voltages or electric fields; however, it is 
Input Voltage, All.Pins so Lea | Vin [0.8 to VoD +.0.5 advised that normal precautions be taken 
DC Current Drain per Pin (Excluding Vpp, Vss} |] 10 mA to avoid application of any voltage higher 
Operating Temperature Range — 40 to 85 than maximum rated voltages to this high 





impedance circuit. For proper operation it 
is recommended that Vin and Voyt be 
constrained to the range Vsg < (Vip or 
Vout) < Vop- 
Unused inputs must always be tied to an 
appropriate logic voltage level (e.g., either 
Vss or Vpp). : 


RECOMMENDED OPERATING CONDITIONS 
Convert Clock Frequency ——SSCSC~dCSCTSCd:C || OO 
mst | - | 8 | 








Storage Temperature Range 










DIGITAL ELECTRICAL CHARACTERISTICS (Vss =0 V) 







ee A 
wnbol | de | Min] Max [Min [Typ [Max | Win | Max 
Operating Current | too | 2] -[| 50] - | 20 | 43 | - [50 [ma 
Power Down Current POI=Vgs Teo [et -[ ea, - | 0 | # |-| |] 
MODE CONTRO IC LEVELS 


Vis Power-Down Mode VIH 


Vig TTL Mode 


Vis CMOS Mode | 


= 
—_ 
= 
NnN|F-1lO 
anal a 


—_— 


b> — 
oo 


VAG Power-Down Mode 


= 
a 


VAG Analog-Ground Mode 


= 
= 


= 
rr 
7) 
< 
= 
i¢p) 
i 
< 
” 
2 


* 


< 

= 
O} PO} OF RO] OT BRO | OT RO] OT PO 
hm © Ro} bra“ 
oO OW! oO 
ry = 
© oo 
oO © © 






=_ 
N © 
oO 


TTL LOGIC LEVEL 


7) 
< 
= 
n 
i 
fo) 
= 
< 
ie) 
” 
ll 
oO 
= 


CMOS LOGIC LEVE 
input Curent CO [in [@] [sto] — | 20.0000 
Input Current MSI “1” Level | , 12 200 50 100 200 

(Internal Pulldown Resistors) “0” Level 12 — 1.0 — 0.00001 -0.3 —1.0 

Input Voltage CCI, MSI 0" Level Vv 12 5.25 3.60 

lo} 45 6.75 4.0 

“1” Level 12 . 

vw | ig] = i) 


— 
oe 


Input Current CCl 


aco) 
wn O 
53 
RN 
as oo 
* | * Ir 


Tin [2] [210] - | 
Input Current MSI we, “1” Level Cis le eee, ee 30 = 200 
(Internal Pulldown Resistor) - 0" Level 12 - 1.0 — 0.00001 -0.3 —1.0 
Input Voltage CCI, MSI - 0" Level Pee = Le +0.8 pee 
“1” Level VIH 12 Vist+2.0 - 
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ANALOG ELECTRICAL CHARACTERISTICS (Vpp = 12 V ) 





(R_ = 900 0 to Vac) 1.5 
Smail Signal Output Impedance (1 kHz) TxO (MC14413) | - 


LPO (MC14414) 
RxO 


=-N — 
non 
=e. 

on Ww 


Output Current 
(Vo=11V) . TxO, LPO, RxO 
(Vo=1V) ~ TxO, LPO, RxO | . 


* 0°c 25°C 85°C cal 
mympel | Min [ Max [Min [Typ [Max | Min [Max | © 
PinputGurent SSCS | inf ~ fe@of = | [ato] = [20] on | 
P Input Current Ra Td [in | = | = | = J 0.00001 [1.0] — [£1.07 HA | 
| ACInputimpedance(1kHz) Rx Tx | Zin’ | TOT — [1.0 | 20° | = [10] = | Ma) 
| InputCommonModeVoltageRange Txt, Axl | Vicr | — | - [15 - [tos] - [ = [ v | 

Output Voltage Range TxO, LPO, RxO 
(Ry = 20 kQ to Vag). VOR 1.5] 10.5 | 1.5 _ 10.5 10.5 V 
(R; = 600 2 to Vag) 2.0 | 9.3 | 2 = 9 
10.5 } 1.5 _ 10 





OP AMP PERFORMANCE (Vpp - Vss =12 V) 








i=) 
° 
oO 
: 
ie) 
O d 


Characteristic 


Input Offset Voltage 
Open Loop Gain Z 


~w 
oO 


Input Bias Current 

Output Voltage Range 
(Ry = 20 kQ to Vag) 
(RL=600 Q to Vac) 
(RL =900 2 to Vac) 

Output Current 


© 
oO 


| en 


oe Aa 
ors oO 


RECEIVE FILTER SPECIFICATIONS 
(Vpp —-Vss=12 V, CCl=128 kHz, MSI=8 kHz, includes sinx/x correction, Vin= — 10 dBm0, full scale= + 3 dBm0, 7 V p-p) 


Characteristic 


Gain (1020 Hz) 
Pass-band Ripple (50 Hz to 3000 Hz) Relative to 1.02 kHz@0 dBm0 


Out of Band Rejection Relative to 1.02 kHz@0 dBm0 ~  MC14414/13-1 
3400 Hz MC14414/13-2 
4000 Hz-4600 Hz 
4600 Hz-64 kHz 


Output Noise (RXI= Vac) ref to 9002 
Dynamic Range 


Absolute Delay Difference 
1150 to 2300 kHz Delay 
1000 to 2500 kHz Delay 
800 to 2700 kHz Delay 


Crosstalk 0 dBm@3 kHz 
Power Supply Rejection Ratio Vpp = 12 V+ 0.1 Vrms@1 kHz 
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MC14413-1, MC14413-2, MC14414-1, MC14414-2 


S1=8 kHz, Vin= — 10 d8m0, full scale= +3 dBm0, 7 Vp-p) 
See owe fata EL ow 
caloall _ Meng 3 [coal dae | = [foiel = [coztaze | 
, ae 7 MC14414-1, -2 |- 0.25] 0.25 0.15| — |~0.25| 0.25 
Pass-band Ri i 
hee Oe Relative to 1.02 kHz@0 d8m0, | o.t6 2008] - |-015 


Rejection 
50 Hz (Relative to 1.02 kHz) MC14413-1, -2 Only 
60 Hz . MC14413-1, -2 Only 


TRANSMIT FILTER SPECIFICATIONS (Vpp - Vsg= 12 V, CC=128 kHz, M 




























180 Hz 
3400 Hz "MC 14414-1/13-1 

: MC14414-2/ 13-2 |. 
4000 Hz-4600 Hz 


4600 Hz-64 kHz | 
Output Noise MC14413-1, -2 

(300 H2-3400 Hz) MC14414-1, -2 
Dynamic Range. MC14413-1, -2 

(7 V p-p Max) MC14414-1, -2 
Absolute Delay Difference 

‘1150 to 2300 kHz Delay 
1000 to 2500 kHz Delay 
800 to 2700 kHz Delay ; 
Crosstalk -_- 0 dBm@3 kHz RXO,TXO| — | 


Power Supply Rejection Ratio Vop = 12 V +0.1 VaMsS@1 kHz ea 




































SWITCHING CHARACTERISTICS (Vpp- Vss=10 V) 


Input Rise Time . - CCi,MS!] tTLH 
— Input Fall Time tTHL 













~ Pulse Width | CCi,MX!] tw 
Clock Pulse Frequency Bie, ccl] fc. | 50 | 
CCI Duty Cycle | 40 | 


Setup Time _ 


MSI Rising Edge to CCI Rising Edge (CC! = 128 kHz)* 


“Specifications assume use of 50% duty cycle for clocks. 


CCl 


MSI 
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FUNCTIONAL DESCRIPTION OF PINS 


Pin 1 — VaG (Analog Ground) 

This pin should be held at approximately (Vpp-VEE)/2. All 
analog inputs and outpus are referenced to this pin. If this 
pin is brought to within approximately 1.0 V of Vpp, the 
chip will be powered down. 


Pin2— +A 

Noninverting input of op-amp A.. 
Pin3 — —A 

Inverting input of op-amp A. 
Pin 4 — AO 

Output of uncommitted op-amp A. 
Pin 5 — BO 

Output of uncommitted op-amp B. 
Pin6 — -—B 

Inverting input of op-amp B. 
Pin7 — +B 

Non-inverting input of op-amp B. 
Pin8 — Vss | 


This is the most negative supply pin and digital ground for 
the package. 
Pin 9 — Vis (Logic Shift Voltage) 
_ The voltage on this pin determines the logic compatibility 
for the CCl and MSI inputs. If VUS is within 0.8 V of Vss, 
the thresholds will be for CMOS operating between Vpp 
and Vss. If VLS is within 1.0 V of Vpp, the chip will power 
down. If VES is between Vpp-2 V and Vss+2 V, the 
thresholds for logic inputs at CCI and MSI will be between 
VLS+0.8 V and Vis +2.0 V for TTL compatibility. 


Pin 10 — MSI (Master Sync Input) 

This pin should receive a low-to-high transition concurrent 
with each new PAM sample received at the receive filter in- 
put, ADI. A new transmit filter output sample will be 
presented 8 CCI clocks after this. 

Pin 11 — CCI (Convert Clock Input) 

Normally, a 128 kHz clock signal should be applied to this 
pin to operate both filters at fo = 3100 Hz.For other break fre- 
quencies use the following equation: fo = 0.02422 f clock. 
Pin 12 — TxO (Transmit Band-pass Output— MC14413-1, -2) 

This is the output of the transmit band-pass filter. It is 
100% duty cycle PAM at 8 kHz. 

Pin 12 — LPO (Transmit Low-pass Output — MC14414-1, -2) 


This is the output of the transmit low-pass filter. It is 100% 
duty cycle PAM at CCI frequency, normally 128 kHz. 


Pin 13 — Tx! (Transmit Input) 

This is the transmit-filter input. 
Pin 14 — RxO (Receive Output) 

This pin is the output of the receive filter. It is 100% duty 
cycle PAM at the same frequency as the CCl pin, normally 
128 kHz. 

Pin 15 — Rxl (Receive Input) 

This is the receive filter input. It will accept 15% to 100% 
duty cycle PAM at 8 kHz. 
Pin 16 — Vpp 

Nominally 12 volts. 


NOTE: Both Vag and V\s are high-impedance inputs. 


PCM FILTER DESCRIPTION 


Transmit Filter Description 


The transmit filter in both the MC14413-1, -2 and 
MC14414-1, -2 consists of a 5-pole elliptic low-pass section 
operating at a sampling rate of 128 kHz. This filter provides 
the band limiting necessary to prevent aliasing of the input 
signal in the codec. Since the transmit filter itself samples at 
a 128 kHz rate, its input (Txl) signal should be band limited to 
124 kHz. If energy above 124 kHz could be present, a single- 
pole RC pre-filter should precede the transmit filter. 

In addition to the low-pass section, the transmit filter of 
the MC14413-1, -2 incorporates a 3 pole Chebychev high- 
pass filter to provide 50/60 Hz and 15 Hz rejection. Although 
the MC14414-1, -2 does not include this filter, it can be exter- 
nally realized using one of the on-board uncommitted op 
amps as an active filter. This is shown in Figure 9. 

Both the MC14413-1, -2 and MC14414-1, -2 can be used in 
cascade to produce a sharper rolloff. This is especially useful 
in testing the MC14413-1, -2 since the 8 kHz PAM from the 
Tx filter will be sampled and sinx/x corrected by applying the 
Tx output to the Rxl input and observing RxO. 


Receive Filter Description 


The receive filter sections of the MC14413-1, -2 and 
MC14414-1, -2 are identical and are 5-pole elliptic low-pass 
filters operating at a sampling rate of 128 kHz. These filters 
are used to smooth the PAM output of the PCM Codec. 
They are similar to the transmit low-pass sections with the 
exception that they include a 1/8 duty cycle 8 kHz pre- 
sampler on their inputs (Rxl). 

This circuitry resamples the codec’s PAM output and 
thereby effecively eliminates the sinx/x distortion normally 
associated with 15% to 100% 8 kHz PAM pulse trains and 
eliminates the need to predistort the receive filter's pass- 


band characteristic. 

In normal use as a codec’s receive filter, MS/ will be an 
8 kHz signal. With the MC14407 codec family, the filter MSI 
is the same as the codec MSI. With other. codecs, the MSI 
signal is receive sync. 

The MC14414 may also be used in analog applications by 
disabling the sinx/x correction. If MS! and CCl are tied 
together, the receive filter has the same frequency response 
as the transmit filter and a gain of 18 dB. 


Timing And Synchronization 

Timing and synchronization of the MC14413-1, -2 and 
MC14414-1, -2 are provided by the CCl and MSI inputs. A 
128 kHz signal should be applied to CCl. An 8 kHz signal, 
whose low-to-high transition coincides with a new output 
sample from the PCM codec, should be applied to MSI. The 
rising edges of theCCl and MSI signals should be skewed no 
more than 3.0 us for proper operation. 

Logic levels of these signals can be either TTL or CMOS 
compatible. Choice of logic level can be user determined by 
applying the appropriate voltage to the level shift control pin, 
VLS. ae 
Power Down 


Both the MC14413-1, -2 and MC14414-1, -2 may be 
powered down in either of two ways: by bringing Vag to 
within 0.5 V of Vpp or by bringing VLS to within 0.5 V of 
VDD. 

lf used on a single supply with the MC14406/7 PCM 
Codec, the filter 1C will power down automatically when the 
codec does, since the codec raises its VAG pin to Vop in 
power down. When used in a split supply configuration, the 
Circuit shown in Figure 7 may be utilized. 
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FIGURE 1 — RECEIVE FILTER TYPICAL FIGURE 2 — RECEIVE FILTER TYPICAL 
AND GUARANTEED PERFORMANCE AND GUARANTEED PASS-BAND PERFORMANCE 
(MC14413-1, -2/MC14414-1, -2, SINX/X CORRECTION INCLUDED) (MC14413-1, -2/MC14414-1, -2) 
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FIGURE 3 — TRANSMIT FILTER TYPICAL FIGURE 4 — TRANSMIT FILTER TYPICAL 
AND GUARANTEED PERFORMANCE AND GUARANTEED PASS-BAND PERFORMANCE 
(MC14413-1, -2 AND MC14414-1, -2 USING FIGURES 10 AND 11) (MC14413-1, -2 AND MC14414-1, -2 USING FIGURES 10 AND 11) 
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FIGURE 5 — TRANSMIT FILTER TYPICAL FIGURE 6 — TRANSMIT FILTER TYPICAL 
AND GUARANTEED PASS-BAND PERFORMANCE AND GUARANTEED PERFORMANCE 
(MC14414-1, -2) (MC14414-1, -2) 
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FIGURE 7 — TYPICAL CIRCUIT CONFIGURATION 
USING THE MC14407 CODEC AND MC14413-1, -2 FILTER 


(SPLIT SUPPLY) 
46——4 ss ciaoa—iéZ 






il. oY 128 kHz 
0.1 wF 0.1 nF on 
4 . + Rx Data 
q Rx Enable 
ao. 6 2 o Data Clock 
fe, 
7 O 
= Tx Data 
| g| Tx Enable 
-—6 8 kHz 
Power Down 
1/6 MC 14069 
FIGURE 8 — TYPICAL CIRCUIT CONFIGURATION 
USING THE MC14407 CODEC AND MC14413-1, -2 FILTER 
(SINGLE SUPPLY) 
+12 
Vout 
O 30 k 
Vin ¢ st 
_ 116 | 
‘ aoe a ae eens 
= | 
N Pr Rx Enable 
4 = Data Clock 
0.1 pF S ho | 
3 128 kHz 
O 
= 8 kHz Tx Data 
= Tx Enable 
one 
ue @ Power Down 


“Keep all capacitors as near to device pins as possible. 
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FIGURE 9 — MOTOROLA CODEC FILTER EVALUATION BOARD 





CCI (128 kHz) 
Channel Enable (8 kHz) 
Rx ; 
Data Clock (1.544. or 2.048 MHz) 
Master Sync (8 kHz) 
Tx. 
A C1, C2* 2000 pF 20%. 
: S C3" - 4700 pF 20% - 
g C5, C6" 0.1 pF 20% 
5 C7, C4" 1 pF 20% 
Ss R1 30 k 1% 
R2 2.7 k 1% 
R3 237 k 1% 
R4 169 k 1% 
R5 20 k 1% 
R6 33 k 1% 
Tx R7 47k 10% 
R8, 10 k 10% 
R11 900 1% 
“All capacitors should be as near to component pins as possible. Vss 


“In noisy environments, R3-R6 should be 10 kQ or less to minimize pickup. 
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TYPICAL END-TO-END CHANNEL PERFORMANCE FOR MOTOROLA 
MC14413-1, -2/14-1, -2-MC14404/7 CODEC AND FILTER 


Gain Error in dB 


MC14407/13-2 
SPECIFICATION BELL PUB 43801 


QUANTIZING DISTORTION 
SINUSOIDAL INPUT 
C MESSAGE WEIGHTED 


| 


8 
8 


20 


io) 


10 


Signal to Noise Ratio in dB 
NO 
=) 


-50 --40 -30 -20 -10 0 
Input Level (dBm) Referenced to 0 dBm0 @ 1.02 kHz 


SINUSOIDAL GAIN TRACKING 


Input Level (dBm) Referenced to — 10 dBm0 @ 1.02 kHz 
— 50 — 40 ~— 30 — 20 -— 10 0 +10 





GAIN vs FREQUENCY, SINUSOIDAL 


+0.3 dB 
Z 
, 0 dB 
gs, ~0.3 dB 


~3.0dB 





LL, 


: Frequency 


YJ — 28 dB 


— 60 dB 


Gj 


0.06 0.2 0.3 


1.0 2.0 3.0 


~24 


Gain Error in dB 


MC14404/ 13-1 
SPECIFICATION CCITT G7.12 


QUANTIZING DISTORTION 
PSEUDO RANDOM NOISE 
3 kHz FLAT WEIGHTING 





Input Level (dBm) Referenced to 0 dBm0 @ 0.82 kHz 


PSEUDO-RANDOM NOISE GAIN TRACKING 


Input Level (dBm) Referenced to — 10 dBm0 0.82 kHz 
— 50 — 40 — 30 — 20 - 10 





GAIN vs FREQUENCY, SINUSOIDAL 


+0.3 dB 
Kd 
4, 0 dB 
gs, ~-0.3 dB 





~ 1.8 dB 


4 


ee: 
Vi, Frequency 


“0.06 0.203 1.0 7 ikhy 


UY - 28 dB 


- 60 dB 


~ 24 
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TYPICAL END-TO-END PERFORMANCE OF MOTOROLA CODEC AND FILTER 
(All measurements made using HP3779B PCM Test Set) 


Typical Beil System CCITT 
bes, Performance of D4 Voice Frequency — G7.12 
Specification | MC14407/4 Codec and Recaiereents if Voice Frequency 
MC14413 Filter PUB 43801 Requirements 
Gain Tracking with 1 kHz Tone 
+3 to —40 dBm0 , SO <+05 dB s +0.5 dB 
-40 to —50 dBm0 . é s+1.0dB <=+1.0dB 
—55 dBm0 s+3.0 dB s+3.0 dB 
Quantizing Distortion @ 1 kHz 
+3to -H dBm0 
—35 dBm0 
-—40 dBm0 | 
—45 dBm0- 


Idle Channel Noise with VIX=VaG 16 dBrncO 23 dBrncO s-—65 dBm0P . 
Quiet Code Noise (all 1’s at decoder (RDD) input) 10 dBrncO s 15 dBrncO s—75dBm0P | 
Selective Response @ Multiplex of 8 kHz — 60 dBm0 See Frequency Response < — 50 dBm0 

Frequency Response @ 0 dBm0 Input 
50 Hz Gain Relative to 1.02 kHz 
60 Hz Gain or 0.820 kHz 
200 to 300 Hz Ripple 
3400 Hz Gain 
4000 Hz Gain 
2 4600 Hz Gain 


Single Frequency Spurious Response . 
In Band with Input 1 kHz @ 0 dBm 
Out of Band with Input 0 to 12 kHz @ 0 dBm 
Differential Delay Distortion 
1150 to 2300. 
1000 to 2500 
900 to 2700 





FIGURE 10 — FILTER SCHEMATIC FOR MC14414-1, -2 WITH 60 Hz REJECT FILTER 


RI 


Ci C2 z 
vx f | © Se 
13 . 12 a 
pee : C4 | 
High Zi, © 7V p-p : Tx Low-Pass 
VAG , 7" VAG 
LowZoyut 7Vp-p 
, , 14 15 
VRX ADO 
Rx Low-Pass 
C1,C2,C3 4700pF + 1% 
- C4 0.2 pF — 20% + 80% 
--R1 112 kD VW 1% 
R2 620 kn wVW .1% 
R3 223 kN MW 1% 
R4 100 ka %W 10% 


“In noisy environments, R1-R4 should be 10 kQ or less to minimize pickup. 
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FIGURE 11 — FILTER SCHEMATIC FOR MC14414-1, -2 WITH 60 Hz REJECTION AND 900 TERMINATION 











R1 
2 
C3 C4 
_ mv = 
Cl C2 : 
Tx Low-P 
Zn = 900 0 x Low-Pass 
Vin Max= +3 dBm $F10 R2 R6 R4 
Rb5 
VAG 
VDD 
Zout = 900 2 R8 
Vout Max+3 dBm 
14 15 ADO 
R7 
R11 Rx Low-Pass 
~ C1, C2, C3. 4700 pF +1% 
C4 0.2 pF —20% +80% 
R1 236 kQ YW 1% 
R2 294 kQ w’W 1% 
R3 223 kQ YW 1% 
R4 100 kQ MW 10% 
R5 200 kn MW 1% 
R6 169 kQ %ZW 1% 
R7 24kQ %W 1% 
R8 33 kD MW 1% | 
RQ 1.8kQ %W 10% 
R10 GOO %W 1% 
“In noisy environments, R1-R8 should be 10 kQ or less. R11 GON wW 1% 


FIGURE 12 — TYPICAL 2-WIRE PORT INTERFACE USING MC14413 


VRX 


Rx Low-Pass 


ADO 


Tx Band-Pass 


VTX 
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FIGURE 13 — TYPICAL 4-WIRE PORT INTERFACE USING MC14413 


VRX 


RO 






R3 Rx Low-Pass 


ADO 





VAG 


Tx Band-Pass 


i A a cae 









Port 
Full Scale Voltage at TxO (LPO) Rx! Impedance 


Relative 
| (RO) seal 
nae ~~ 600 4.16 dBr 161k 100 k 23.9 k 100 k 
oe 900 2.4 dBr 198 k 150 k 51.8k | 100k 
. 600 6.00 dBr 100 k 100 k Short Open 
ak sh cide | 4.26 dBr | 245k 150 k 18.5 100 k 


6.00 dr | 160 [150k | Shon | Open | 


Interface to 2-wire or 4-wire ports using the MC14413-1,-2/14-1, -2 is shown in Figures 12 and 13, respectively. The table above shows some 
voltages typically used with the filter and the appropriate resistor values for cases in which the codec/ filter OTLP is less than or equal to the 0 


dBm level. If the codec/ filter overload voltage is greater than required for 0 dBm levels in the load, the RxO output can be voltage divided by 
two resistors and the extra op amp used as a voltage follower. 








FIGURE 14 — GENERATOR FOR 128 kHz IN SYSTEM USING 2.048 MHz CLOCK 
Vss 






3 ICs: MC14520, MC14013, MC14069 
8 kHz Sync 


DC 2.048 MHz ; 
%z MC 14520 


MSI 8 kHz 


CCI 128 kHz 
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FIGURE 15 — 128 kHz FREQUENCY SYNTHESIZER USING 8 kHz INPUT 


128 kHz Output 


8 kHz Input 






MC14046B (PPL) 





MC14024 (Counter) 











c 
ro} 
= Vss RESET 


R1=12.5k 
R2= 250 k 
R3=6.5 k 
R4=9k. 
C1=0.001 pF = 
C2=0.01 pF 


FIGURE 16 — GENERATION OF 128 kHz IN SYSTEM USING 1.544 MHz CLOCK 


8 kHz Sync 


% MC14520 %z MC 14520 









1.544 to 1.576 MHz 








E 


Qo_d1 Q2 03 Q0 Qi Q2 Q3 


*MC14013 


128 kHz CCI 
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FIGURE 17 — TELEPHONY C-MESSAGE FILTER USING MC14414-1, -2 FILTER 


Tx Low-Pass 








C1,C2,C3 4700pF 2% 


R1 19.6 k 1% 
R2 97.6 k 1% 


R3 8.25 k 1% 


VAG. VLS connected to GND 

MSI, CCl connected to 134 kHz TTL clock 

0.1 nF, Vpp to Vac and Vss to VAG 

Rx Filter can also be used and will provide 18 dB of input gain 
Vop=+t+5V, Vss=-5V 


NOTE: Op Amps A and B are the free op amps on the MC14414-1, -2 filter. 


200 400 600 1k 2k 3k 4k 


FREQUENCY (Hz) 











Vout!Vin (dB) 


— 20 


<20 
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FIGURE 18 — DELTAMOD VOICE DIGITIZER USING MC3417 AND MC14414-1, -2 


U +5 
Analog Input 


ba ) 
J ns Te Encode/ Decode 
C2 Bit Rate Clock 
12 kHz to 32 kHz 
Digital Input 


~ 
88 ee) 
a 5 
3 3 
O => 
=> 


Digital Output 





Analog R6 
Output ae le 
————_—_—_—_——— 128 kHz 

Cl (0.4 pF 20% 
C2 0.01 pF 20% 
C3. 0.01 pF 
C4 0.33 pF 
C5 0.1 pF 
R1 9.1k 5% 
R2 510 Q 5% 
R3 7.5k 5% 
R4 15k 5% 
R5 8.2 k 5% 
R6 47k 5% 
R7 5.1k 5% 
R8 10 k 5% 
RQ 200 2 5% 


Ri0 22 mQ 5% 
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MC14416 
(AA) MOTOROLA MC14418 


PER CHANNEL, ADDRESSABLE TIME SLOT ASSIGNER MOS LSI 


CIRCUITS (TSACs) (LOW-POWER COMPLEMENTARY MOS) 


The MC14416 and MC14418 are per channel devices that allow | 
variable codec time slot assignment to be programmed through a serial TSAC 
microprocessor port (0-63 time slots): Both devices have independent TIME SLOT ASSIGNER 
transmit and receive frame syncs and enabies. They also include chip CIRCUITS 
select and clear to send signals which simplify system design. 
The MC14418 provides the additional addressing capability which 
allows a parallel bus back plane in the channel group. In addition, the 
MC14418 provides control bits which can be used for the power down, 
ring enable and ring trip functions on a line circuit. 
The MC14416 provides the ability to multiplex off hook signals for a 


bank of TSACs. <= 
Both devices are fabricated using the CMOS technology for reliable RS 
22 
1. 


low power performance. The MC14418 is the full featured device pro- 
duced in a 22-pin package. The MC14416 without the addressing 


capability is offered in a 16-pin package. L SUFFIX P SUFFIX 
@ Low Power CERAMIC PACKAGE PLASTIC PACKAGE 


; CASE 736 CASE 708 
5-Volt Interface on Microprocessor Port 


5-16 Volt Output Logic Levels 

Independent Transmit and Receive Frame Syncs and Enables es 

Up to 64 Time Slots Per Frame weal 

For Use With Up to 2.56 MHz Clocks | 

Provides Power Down Control for Line Circuits 

Compatible with MC14400/01/02/03/05 and MK5116 Codecs L SUFFIX P SUFFIX 
Provides the Ring Enable and Ring Trip Functions (MC14418) CERAMIC PACKAGE PLASTIC PACKAGE 


Allows Use of a Parallel Backplane for Line Circuits Due to the ERS Or a aes 
Hard Wired Address Feature (MC14418) 


Off-Hook Multiplex Control (MC14416) 
CMOS Metal Gate for High Reliability 


BLOCK DIAGRAM 


PIN ASSIGNMENTS 


MC 14418 
MC14416 


Compare Compare . 


Interface 


See Figures 3 and 4 
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MAAIMUN BAITING? (Voltages referenced to Vss) 




















[Rating «| Symbol | Vaio | Uni 
OC Supp Vorage _——=~S*dt«*p | 05 t0 +18 | vee, 
[Level Shift Vonage ———S~S*«cc—~4| OS 0 Vp | Vee | 
Input Voltage 
Inputs Referenced to Vpop -0.5 to Vpp +0.5 
to Vcc vi -—0.5to Vpp +0.5 
PDC Current DrainperPin |_| | _10_—__|mAde 
[Operating Temperature Range [| Ta | —a0to +85 | °C | 
ELECTRICAL CHARACTERISTICS (Tp = 25°C) 
Characteristic 





DC Supply Voltage 
DC Supply Voltage 


Output Current TXE, RXE, QO, Q1, Q2, Pp 
(VoL =0.4 V) 
(VoL =1.0 V) 
(VOH =4.6 V) 
(VoH=1.0 V) 
Output Current CTS, OHO 
(VoL =0.8 V) 
(VoL =0.8 V) 
(VoL =1.5 V) 
(VOH =0.8 V) 
(VOH =2.0 V) 
(VoH =0.8 V) 
(VQH =2.0 V) 
(VOH = 10.5 V) 
Input Voltage (CMOS) 
FST, FSR, R2, 0C1, DC2, Al, A2 
A3, A4, AS, OHI 


“0” Level 
“'1”" Level 


Input Current OHI 
(Active Pull Down) 

Input Voltage (TTL) 
CLK, CS, AD, DI 
Vcc=5V 


Total Supply Current (Outputs Unloaded) 
Vpop=12V 
Vpop=5V 

Total Supply Current (Power Down) MC14418 Only 
After CTS=Vpp 
CLK, CS, AD, DI Inputs s 0.6 V 
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This device contains circuitry to protect the in- 
puts against damage due to high static voltages 
or electric fields; however, it is advised that nor- 
mal precautions be taken to avoid application of 
any voltage higher than maximum rated voltages 
to this high-impedance circuit. For proper opera- 
tion it is recommended that Vin and Vout be con- 
Strained to the range Vsss(Vin_ or 
Vout) S VDD. 

Unused inputs must always be tied to an ap- 
propriate logic voltage level (e.g., either Vss or 
Vop) 


a 
(e) 


S 
fo) 


pAdc 


. ry 


— 
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SWITCHING CHARACTERISTICS ce 50 pF, TA =25°C, unless otherwise noted) 


owe mes Sel [Fa oe [ve Te fe 
Output Rise Time : i 200 
TXE, RXE, Q0, Q1, Q2, Pp : 100 
Output Fall Time i, 
TXE, RXE, QO, oil Q2, Pp 3 
—— - Page EICS 
12 -75 +75 
a 100 
Propagation Delay — DC to TXE, RXE (Note 1) tPLHE, i 180 
PBs Sek Fg 20 pF rs 12 125 
= 2. 6 
140 192 260 
= z Pete Hl 
12 : 
—— Sone 
12 
Address and Data Hold Time ay ear oe 
Propagation Delay — DC1to CTS Rioes 
12 
: oe 
Sopagaton Delay — R to Q2 oe 
Chip Select Setup Time t 2 
Leading CS to Falling CLK SCS 
Chip Select Hold Time t 2 
Falling CTS to Falling CS HCS 


NOTE 1: For time slot 0, tpH_€ and tpLHE are measured from leading edge of DC or FST (FSR), whichever occurs last. 




























a) 


“|e 







DC1 or FST to CTS 
10K Pullup or Equivalent 


Propagation Delay 











DC to PD 





DC to Q0-02 





BO 


2-166 


MC14416, MC14418 


FIGURE 1 — TIMING DIAGRAMS 


DC 


'SFS 


tPWFS 


css HU: AIIIRN 


NOTE: No restriction on falling edge. 





8 Data Clocks 


TXE, RXE 
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FIGURE 2 — PROPAGATION DELAYS FOR PROCESSOR INTERFACE PINS 


_—— ES 


t 
tscs PWC 


cS 
To Completion of 
—— > Programming Sequence 
(Scale Changes) : tHCS © 






Di, AD 


DCI | iM 
tpa 


FST ; EW AN 


PD (MC14416 Only) 
Q0-Q2 (MC14418 Only) 





NOTE: tpcH is measured from the rising edge of the latter of FST or DC1. 


SLYVLOW ‘SLPVLOW 
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Pia 3 — MC14418 22 PIN 


5-Bit Compare 3-Bit Reg 


a Poe PEt 


6 be 5-Bit ou Reg. 3-Bit SR 


= 
ly—~ | Compare 
2 cs —7 
Fs BBilshie Reo, Q 


5 ie 8-Bit Shift Reg. 
t)_t2 13.14 15 16 b1 Uy dee Ly TS (ro Rec. 
| eanme | Reg 


gage 

Salk 

we 

| 

6- Bit Reg WU tr Ht 
cee: Compare ed! 


EE ULL 


R 
bss 


ference 


rofest PT] See ET sot 


ire 


Gen 





Address 











O 


— 
”Y 
co 
© 
a 
Power Down 
Latch 
a x: 






RX Compare 


TX Compare 
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FIGURE 4 — MC14416 16 PIN 
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GENERAL DEVICE DESCRIPTION 


The MC14416 and MC14418 TSACs are microprocessor 
peripherals intended to be used to control and supervise per 
channel codec subscriber channel units. The TSACs consist 
of three basic functions. 


The Serially Programmable Microprocessor Port consists 
of Vcc, CLK, DI, CS and CTS for the MC14416 and further 
includes AD and Al through Ad for the MC14418. This port 
allows the call processing microprocessor to access load 
data into each TSAC. See the applications section for a 
detalied description of the microprocessor port. Figure 5 
defines the data word bit assignments. 


The Supervision Controls consist of QO, Q1, Q2, R2 on the 
MC14418 and OHI, OHO and PD on the MC14416. These 
functions provide data path for the supervision and control 
of user selected requirements in the subscriber channel unit. 
Figure 3 shows some typical uses of these bits. 


The Time Slot Computation section of the chip derives 
separate transmit and receive time slot outputs (TXE and 
RXE) for the controlled codec from the bit rate clock and 
sync pins DC1, DC2, FST and FSR, respectively. The com- 
puted time slot is then derived from the information received 
through the microprocessor port. 


PIN DESCRIPTIONS 


Vcc (Positive Supply for Microprocessor Port) — If this is 
a 5-volt supply, AD, DI, CS and CLK are TTL compatible 
CMOS inputs. Vcc may be any voltage from 4.5 V to VDD 
allowing either TTL or CMOS compatibility. 


CS (Chip Select Input) — For the MC14418, the pin is us- 
ed to select a bank of TSACs. 

For the MC14416, the CS is used to select that individual 
TSAC. All CSs are normally held low. To PROGRAM A 
SPECIFIC TSAC, CS must go high prior to the first falling 
edge of CLK. CS must stay high until the selected CTS goes 
low to guarantee a valid access. | 

CS is synchronous with DI, AD and CLK. CS can be asyn- 
chronous with DC1, DC2, FST or FSR. (This pin is normally 
intended to be set by a microprocessor.) 


CLK (Microprocessor Clock Input) — Serial data is entered 
through the AD and DI pins under the control of CLK. The 
data is entered on the trailing edge of CLK. CLK is syn- 
chronous with CS, AD and DI and can be asynchronous with 
the TSAC’s data clocks (DC1 or DC2). 


DI (Serial Time Slot Data and Mode Input) — 8-bit words 
are clocked into the device through Di under the control of 
CLK after CS is brought high. The first 2 bits of DI control 
the various programming modes while the last 6 bits are time 
slot data. (See Figure 5 for the format of the DI word.) 
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AD (Serial Address and Control Bits Input — MC14418 on- 
ly) — 8-bit words are clocked into the device through AD 
under the control of CLK after CS is brought high. AD words 
are loaded in parallel with the DI words. The first 3 bits of AD 
program the control bits Q0, Q1, and Q2 while the last 5 bits 
are compared with the hardware address on A1 through A5 
to identify a specific TSAC in a bank. (See Figure 5 for the 
format of the AD words.) 


A1-A5 (Codec Address Inputs — MC14418 only) — These 
five pins provide a unique identity for each TSAC. The TSAC 
address pins are either hardwired on the PC board or in the 
channel bank backplane. The processor loads the 5-bit ad- 
dress data into AD, and each MC14418 in the selected bank 
compares this data to the hardwired address set by its A1-A5 
to determine if the time slot data loaded into DI is intended 
for that TSAC. By this process, only one of 32 TSACs in a 
bank will accept the transmitted time slot data. A1-A5 are 
CMOS inputs, logical ‘'1’°=Vpp and logical ‘0’’=Vss. 


Q0, Q1, Q2 (Status Bit Outputs — MC14418 Only) — 
These three bits are programmed by the first 3 bits of the 
8-bit word which is loaded into AD. The bits are used for the 
basic control functions of a line circuit. See the applications 
section (ref. Figure 11) for an example of how these status 
bits are used. In this example, Q1 selects to receive data 
streams, QO is used for the power down control, and Q2 is 
used for the ring enable. These are CMOS outputs. 


R2 (Reset Input for Q2) — The R2 input provides a direct 
reset of the Q2 output. When R2 is taken high, Q2 is set to 
0" independent of all other TSAC functions. See the ap- 
plications section (ref Figure 11) for an example of how this 
reset bit is used, |.e., the ring trip signal is used to reset Q2 
which is the ring enable. This combination of R2 and Q2 
allows a simple solution to the ring trip function. 


CTS (Clear to Send Output) — This output provides a sim- 
ple diagnostic capability for the processor TSAC combina- 
tion. The selected TSAC outputs the CTS signal after it has 
accepted data. This output goes low three data clock cycles 
after the next FST, and returns high on the subsequent FST. 
For the MC 14418, only the TSAC which accepts transmitted 
data will respond with CTS low. All other TSACs in the bank 
will leave CTS high. The CTS output is an open drain tran- 
sistor with a weak internal pullup. Normally a bank of CTS 
outputs are wire ORed together to provide a single 
diagnostic bus, which can be used to verify that transmitted 
data was properly acknowledged by some TSAC in the bank. 

CTS may also be used to strobe additional supervision 
data into a selected channel unit, due to its dependence 
upon the address selection logic of the MC14418. 


DC1, DC2 (Data Clock Input) — The data clock input 
establishes the bit rate of the TSAC and its associated 
codec. It is intended to be between 1.536 and 2.56 MHz and 
is the same as the codec’s bit rate clock. Both TSACs divide 
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these inputs by eight to derive the time slot rate. For the 
MC14418, DC1 provides the data rate clock for both transmit 
and receive time slot computation. The MC14416 derives 
transmit timing from DC1 and receive timing from DC2. They 
are CMOS compatible inputs. 


FST, FSR (Frame Sync Transmit and Frame Sync Receive 
Inputs) — These inputs are leading-edge sensitive syn- 
chronization pulses for establishing the position of time slot 
zero in the transmit and receive frames, respectively. 

The rising edge of DC (1 or 2) associated with the rising 
edge of FST or FSR identifies the sign bit period of time slot 
zero. See Figures 6 and 7 for detailed timing. In the 
MC14418, both zero time slots are derived from DC1 but may 
be different by an integral number of bits. In the MC14416, 
FST and DC1 derive the transmit time slot zero, while FSR 


and DC2 derive the receive time slot zero independently. 
DCi and DC2 can be asynchronous. FSR and FST are 
CMOS inputs. 


TXE, RXE (Transmit Enable and Receive Enable Outputs) 
— These are the outputs of the time slot computation cir- 
cuitry. Each output is high for eight data clocks; i.e., an in- 
tegral number of time slots after the rising edge of FST and 
FSR for TXE and RXE, respectively. The binary number 
entered in the last 6 bits of the DI input indicates the number 
of eight data clock intervals (time slots) between FST or FSR 
and the eight data clock time slot, when TXE or RXE will be 
high. These are CMOS B series outputs which will drive one 
TTL LS input when Vpp is five volts. See Figure 6 and 
Figure 7 for detailed timing and numbering. 


TABLE 1 — BASIC OPERATION OF MC14418 


Input Conditions 


TS Data | Address. 
Received |Compare 













TX Reg. | RX Reg. TXE 
Load Load Disabled 





PW [x x ne [ No [No change [No Ghenge| No] 

[Des [Wo [XT] No | “No [ No Change [No-Change [No No Ghenge| 
Yes [ves [0 [0 [0 | ves ves [No] No_[ Ves [Yes _ 
[Yes | ves [0 [1 [0 | Yes_[ No [No [No | Yes] Yes _| 
[Yes Yes | 1 [0 [0 | No | Yes [No Ghenge [_No| _Yes__[ Yes 
ves [1] 1 po[ x | Yes 






Action to Outputs After Next FST 








Time Slot 










Data Reg. 
XE 
- (00-02) | Counters 
Disabled : 
Load Running 


No Change 








TABLE 2 — BASIC OPERATION OF MC14416 





Input Conditions 


TX Data | 
Received 








Action to Outputs After Next FST — 


[No | No | No Change | No Change | 
[No | No] No Change | No Change | 
Ne Yes | 0 1 






TX Reg. 
Load 


RX Reg TXE PD 
Load Disabled Output 






Note 1: The HO output remains operational when TXE is disabled. 
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FIGURE 5 — FORMAT FOR Di AND AD WORDS 


MC14416 
Assign the selected TSAC to the first time slot (TSO) for both receive 
and transmit and set PD=1- 


Assign the selected TSAC to time slot 8 for receive only and 
set PD=1 


Assign the selected TSAC to time slot 2 for transmit only and 
set PD=1 


Power down the selected TSAC, i.e., PD to “0” 


*See Figures 12 and 13 for the hardware implementations using MC14418 and MC 14416. 


AD Word Input 
First Bit Sent 
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FIGURE 6 — DATA MULTIPLEX TIMING FOR 2.048 MHz 


TX Data Clock Count ; . 254 255 
Data Clock _ o 1 2 3 4 7 5 6 7 came “oo 
2.048 MHz 





QO. 1 2. 3 4 
RX Data Clock Count 


Fst | | | | a ae es 


FSR [ = = ed oo 3 
RXE Output | Programmed For Time Slot 0 _ 
TXE Output Programmed For Time Slot 1 | 


RX Time Slot 0 RX Time Slot 1 - Time Slot 31-— _ — _— 


arn KK _ KK KeoNern ern oanoa os X00 KET ON DNK DK 03K aK vON DON?) CX XXX KOK Kea) 


}~+———1x Time Siot 0 TX Time Slot 1 , | ——TX Time Slot 31 
TX Data | | —— | paces 
from Codec) (00K b1K\ 2X b3 X04 X v5 X\ b6 X67) — = — 















SLYVLOW ‘SLVPVLOIN 


GLL-¢ 


2.048 MHz 


FIGURE 7 — DATA MULTIPLEX TIMING FOR 1.544 MHz 
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MC14416, MC14418 


PD (Power Down Output — MC14416 Only) — The PD 
output is normally high. It is set high whenever b0 or b1 is a 
zero and the TSAC is programmed. If b0 and b1 are both 
one, then PD will be set low. This output is intended to be 
used to power down other circuitry in the channel unit when 
the channel unit is idle. This is a CMOS B series output 
which will drive one TTL LS load when. Vpp is five volts. 


OHI (Off Hook Input — MC14416 Only) — The OHI is a 
CMOS input with an internal pull-down resistor. A DC level 
at this pin will appear at the OHO output during the program- 
med TXE time slot. 


OHO (Off Hook Output Inverted — MC14416 Only) — 
During the programmed transmit time slot, the data at OHI 
appears inverted at OHO; otherwise OHO will be pulled high 
passively. The OHO output is an open drain N-channel tran- 
sistor with a weak pull-up to Vpp. A number of these out- 
puts can be wire ORed together to form a hook status bus 
consisting of a serial stream of hook information from a bank 
of channels. When the MC14416 powers down its codec, the 
TXE output is disabled; but the OHO output continues to 
multiplex out OHI and transmit time slot information during 
the previously entered transmit time slot. 


Vss — This is the most negative supply pin and digital 
ground for the package. 


VoD — This is the most positive supply. VDD is typically 


12 V with an operation range of 5 to 16 volts. All logic out- 
puts swing the full supply voltage. 


APPLICATIONS | 


The following section is intended to facilitate device 


understanding through several application examples. Includ- 
ed are Data Multiplex Timing Diagrams, a description of the 
TSAC Microprocessor port, a sample program, two circuit 
configurations using Motorola’s devices, a systems drawing 
and two suggested clock circuits for obtaining codec data 
and control clocks. 

In Figures 6 and 7 are shown Data Multiplex Timing 
Diagrams for 2.048 MHz and 1.544 MHz data clocks. The 
major points to be seen from these examples are: 


1) Receive and transmit programming for the MC14418 


are bit synchronous and word asynchronous. The | 


MC14416 can be completely asynchronous. 


2) The rising edges of FST and FSR initiate the pro- 
gramming frame for transmit and receive channels, 


respectively, and identify transmit and receive time - 


slot ‘‘0,"’ respectively. 

3) Time slots identify eight data clock words. In this ex- 
ample: the transmit time slot is programmed as time 
slot ‘1.’ Therefore, bits 8 through 15 after FST are 
time slot “1.” — 

4) For the 1.544 MHz clock, the framing bit is at the 
very end of the frame. 


TSAC Microprocessor Port (MC14418 and MC14416) — 
The MC14418 provides four pins with 5-volt micro- 
processor input characteristics. These are AD, CS, CLK, 


and Di. The input supply for these inputs is Vcc. The - 


CTS output is an open drain device with a weak pull up to 


VDD. Typically, these five pins are bused in parallel to 24 or 
32 TSACs per processor port. If desired, AD, CLK, Dl, and 
CTS may be bused to greater than 32 TSACs by using the 
CS input as a group select. A microprocessor port of eight 
bits can thus control four groups of 32 TSACs with no addi- 
tional decoding, as shown in Figure 8. 

In order to program any given codec to a transmit or 
receive time slot, the processor simply exercises the cor- 
responding 8-bit port. 

Beginning with CS1 to CS4 low, all TSACs in the bank 
have their data registers in the Ready for Data Mode. The 
microprocessor takes the appropriate CS high and clocks in 
two bits of data into the 32 selected TSACs through DI and 
AD using CLK. The microprocessor presents data on the 
leading edge of CLK and the TSACs clock in data on the 
trailing edge of CLK. After eight CLK pulses (high, then low) 
the 32 selected TSACs will have two new 8-bit words; one in 
the data register through DI and one in the address register 
through AD. The-unique TSAC, whose last 5 bits of the ad- 
dress register match its hardwired address on A1 through 
Ad, acknowledges the new data. After the next FST, the 
selected TSAC will pull CTS low. This event notifies the pro- 
cessor that its transmission has been recognized. If CTS oc- 
curs at any other time, the processor can recognize the fault 
condition and restart the transmission using the reset func- 
tion of the TSAC chip select. The uniquely selected TSAC 
will load its new program data into the appropriate TIME 
SLOT register on the next leading edge of FST. The bank of 
32 TSACs will internally reset to the Ready for Data Mode 
when the transmission is completed, after the next FST. The 
TSAC, which was uniquely selected, and which has CTS 
low, will clear CTS to the pulled-up condition with the next 
FST. The processor may now program a new time slot im- 
mediately, with or without returning the selected CS low. 
Time Slot. data can thus be sent at the rate of once every 
256 psec. for 8 kHz sampling (FST). The processor need not 
operate in an interrupt mode even though the TSAC’s DC 
and CLK are asynchronous. 

The processor port of the MC14416 works similarly to the 
MC14418, but will accept data if CS is high, and does not 
compare a hardwired address to the address word. 

Figure 11 shows the typical signal timing for programming 
the microprocessor port. 

To demonstrate the programming of the TSAC, consider 
the following configuration. A microprocessor is used to 
control four groups of thirty-two TSACs through an eight-bit 
PIA port. Four of the PIA lines are used for group select 
lines. The other four lines are dedicated to CLK, DI, AD, and 
CTS. The TSACs are programmed by serially loading bits in- 
to the DI and AD leads. Data bits are latched on the falling 
edge of CLK. The PIA port is connected as shown in Figure 
9. The flow chart in Figure 10 and the following program il- 
lustrate one method of TSAC programming. 

Before running the following program, the address, time 
slot, and group number must be entered in appropriate loca- 
tions. During execution, CS (group select), AD, and DI 
words are arranged for serial presentation to the TSACs. The 
bits are presented with CLK high and are latched in with the 
falling edge of CLK. After eight passes through the loop, the 
TSAC is programmed, and CTS falls on the third data clock 
pulse after the next FST. The program waits for CTS to go 
high again before removing CS to prevent aborting the 
TSAC’'s programming. This program allows a maximum rate 
of programming equal to one TSAC per two frames. 
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FIGURE 8 — TYPICAL 8-BIT PORT 
CLK 
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MC14416, MC14418 


Instructions for use: 
Load in AD word (Q2, Q1, Q0, A5, A4, A3, A2, A1) 


Start routine. 


ONE 


TWO 


THREE 


START 


WAIT 


LOOP 


ISITLO 


LDAA GROUP 
DECA 

BNE ONE 
LDAB #03 
STAB SELECT 
BRA START 
DECA 

BNE TWO 
LDAB #05 
STAB SELECT 
BRA START 
DECA 

BNE THREE 
LDAB #09 
STAB SELECT 
BRA START 
LDAB #11 
STAB SELECT 
LDAA #00 
STAA CONTRLB 
LDAA #7F 
STAA DDRB 
LDAA #04 
STAA CONTRLB 
LDAB #80 
BITB PIAOUT 
BEQ WAIT 
LDAA #01 
STAA PIAOUT 
LDAA #08 
STAA COUNTER 
LDX 00 

STX 02 

LDAA SELECT 
STAA PIAOUT 
LDAA SELECT 
ROL 0002 

BCC 02 

ORAA 20 

ROL 0003 

BCC 02 

ORAA 40 
STAA PIAOUT 
DECA 

NOP 

NOP 

STAA PIAOQUT 
DEC COUNTER 
BNE LOOP 
LDAB #80 
BITB PIAOUT 
BNE ISITLO 
CLR PIAOUT 
RTS 


DI word (b0, b1, t6, t5, t4, t3, t2, t1) 
group word 


STORE GROUP # IN ACCA 

CHECK IF EQ. TO ONE 

IF NOT GO TO NEXT TEST 

EQUALS ONE 

LOAD PROPER SELECT BITS IN SELECT WORD 
JUMP TO NEXT PART 

IS GROUP EQ. TO TWO? 

IF NOT GO TO NEXT TEST 

LOAD PROPER SELECT BITS IN SELECT WORD 


JUMP TO NEXT PART 

CHECK IF EQ. TO THREE 

IF NOT IS EQ. TO FOUR 

LOAD PROPER SELECT BITS IN SELECT WORD 


JUMP TO NEXT PART 
LOAD GROUP SELECT BITS FOR GROUP FOUR 


INITIALIZE PIA 
INITIALIZE PIA 
INITIALIZE PIA 
INITIALIZE PIA 
INITIALIZE PIA 
INITIALIZE PIA 
TEST FOR CTS HIGH 
WAIT FOR CTS HIGH 


NOW CTS IS HIGH, SET CLK HI AND LEAVE CS LOW 
INITIALIZE LAP COUNTER 


MOVE AD AND DI INPUTS 
TO SHIFT LOCATIONS 
BRING CS HIGH 


START BIT STUFFING 

CHECK AD WORD 

CHECK AD WORD 

CHECK AD WORD 

CHECK DI WORD 

CHECK Di WORD 

CHECK DI WORD 

WRITE BITS TO TSAC 

WRITE FALLING EDGE OF CLK 
WRITE FALLING EDGE OF CLK 
WRITE FALLING EDGE OF CLK 
WRITE FALLING EDGE OF CLK 
DECREMENT LAP COUNTER 
TEST FOR LOOP COMPLETION 
TEST AND WAIT FOR CTS LOW 
TEST AND WAIT FOR CTS LOW 
TEST AND WAIT FOR CTS LOW 
REMOVE CS (GROUP SELECT) 
RETURN FROM SUBROUTINE 
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FIGURE 11 — MICROPROCESSOR PORT TIMING 
NOTE: The FST pulse may safely occur within a data loading sequence. 


NOTE: CLK is independent of DC1 and DC2. 
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NOTE: For Valid Programming, CS must stay high until CTS goes low 
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PD (MC14416 Only) 


Q0-Q2 (MC14418 Only) 


NOTE: For the MC14416, the CTS line is pulled low by the device selected by the CS pin. 
For the MC14418, the CTS line is pulled low by the device whose address matches the data loaded in through the AD pin. 
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Hook Status 


Analog Gnd 
Analog Out 


Analog In 


FIGURE 12 — TYPICAL CIRCUIT CONFIGURATION USING MC14416 
IN CONJUNCTION WITH MC14400 
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FIGURE 13 — A COMPLETE SINGLE PARTY CHANNEL UNIT USING = 
MC3419 SLIC, MC14403 PCM MONO-CIRCUIT, MC14418 TSAC —* 
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FIGURE 14 — CLOCK CIRCUIT AND TIMING 
2.048 MHz FOR CODEC DATA CLOCKS AT 2.048 MHz 
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MC14416, MC14418 


FIGURE 15 — CLOCK CIRCUIT AND TIMING 
FOR CODEC DATA CLOCKS AT 1.544 MHz 
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(M\) MOTOROLA 


BASIC TIME SLOT ASSIGNER CIRCUIT (TSAC) 


The MC14417 is a per channel Time Slot Assigner Circuit (TSAC) that 
produces 8-bit receive and transmit time slots for a PCM Codec. The 
pins DO to Dd are the time slot data inputs which can be either hard- 
wired on the printed circuit board for fixed time slot assignment, or ex- 
ternally programmed through the use of these pins and the latch enable 
function. The receive and transmit frame syncs and enables are in- 
dependent. In addition, a T/R (TXE/RXE swap) input is provided which 
allows a simplified switching mechanism for a small systems architec- 
ture (i.e., key systems). 

The MC14417 can operate from a single 5-volt supply for TTL levels 
or up to 16-volts for CMOS levels. The MC 14417 is fabricated using the 
CMOS technology for reliable low-power performance. 


TTLand CMOS Level Compatibility 

5 to 16 Volt Operation 

Low Operating Power Consumption 

For Use With Up to 2.56 MHz Clocks 

Independent Transmit and Receive Frame Syncs and Enables 
Up to 64 Time Slots Per Frame 

Compatible with MC14400/01/02/03/05 PCM Mono-Circuits 


Allows Swapping of Transmit Enable (TXE) and Receive Enable 
(RXE) Signals 


CMOS Metal Gate for High Reliability 


BLOCK DIAGRAM 
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MC14417 


CMOS LSI 


(LOW-POWER COMPLEMENTARY MOS) 


TSAC 
TIME SLOT ASSIGNER 
CIRCUIT 


L SUFFIX 
CERAMIC PACKAGE 18 
CASE 726 


P SUFFIX 
PLASTIC PACKAGE 
CASE 707 


ORDERING INFORMATION 


Suffix Denotes 
Lu Ceramic Package 


P Plastic Package 


MC14XXX 





PIN ASSIGNMENT 


This device contains circuitry to protect the in- 
puts against damage due to high static voltages 
or electric fields; however, it is advised that nor- 
mal precautions be taken to avoid application of 
any voltage higher than maximum rated voltages 
to this high-impedance circuit. For proper opera- 
tion it is recommended that Vin and Vout be con- 
strained to the range Vsss(Vjn_ or 
Vout) = VDD- 

Unused inputs must always be tied to an ap- 
propriate logic voltage level (e.g., either VSs or 


Vpp). 





MC14417 


MAXIMUM RATINGS (Voltages referenced to Vss) 

























DC Supply Voltage 
Level Shift Voltage 
Input Voltage 

Inputs Referenced to Vpp 
to Vcc 














a, On 
-0.5 to Vpop+0.5 
—0.5 to Vpop + 0.5 


-0.5 to Vop 
Vint V 
Vin2 
DC Current Drain per Pin ee 








Operating Temperature Range PTA | to +86 
Storage Temperature Range —65 to + 165 : 


ELECTRICAL CHARACTERISTICS (Tp = aoe) 

ee one 

, 

) 

Output Current TE, RXE, ST 
(VoL =0.4 V) 
(VoL =1.0 V) 
(VOH = 4.6 V) 

(VOH= 11.0 V) 


Input Voltage (CMOS) FST, FSR, DC1, DC2, NDC 























Input Voltage (TTL) DO-D5, LE, T/R, Vcc =5V 









Characteristic Symbol 


Output Rise Time, TXE, RXE, ST hi alae 
12 
Output Fall Time, TXE, RXE, ST Eat 
12 
Frame Sync Setup Time (See Figure 1) eee Ne oe eal te 
Frame Sync Pulse Width tees = | as | 
Propagation Delay (Note 1) DC1 to TXE, DC2 to RXE, Cy = 20 pF tPHLE. 130 | 180 ne 
tPpLHE 80 et 
Data Clock Pulse Width at foc (Max) ‘sae Hag 
12 140 | 192 | 260 
LE Pulse Width 
tPWLE - 
2 80 
. 130 


NOTE 1: For time slot 0, tpHLe and tp_LHE are measured from the leading edge of DC or FST (FSR), whichever occurs last. 








_ —" _— 
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MC14417 


FIGURE 1 — TIMING DIAGRAMS 
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TXE, RXE 


UII 


NOTE: No restriction on falling edge. 


8 Data Clocks 


PIN DESCRIPTIONS 


Vcc (Positive Supply) — The Vcc power supply controls 
the inputs LE, DO-D5 and T/R. It can be supplied by any 
voltage from 4.5 to Vpp. In typical usage, Vcc is 5 volts for 
TTL or microprocessor compatibility of the control inputs to 
the TSAC while Vpp and Vssg are connected to the Codec 
supplies. 


_ D5-D0 (Parallel Time Slot Data Inputs) — The six inputs to 
the input-storage latch are the time-slot data. DO is the least- 
significant bit while D5 is the most-significant. The binary 
word at this input represents the number of 8 bit time slots 
from FST and FSR where TXE and RXE will occur, respec- 
tively. These can be 5-volt input compatible with TTL and are 
internally level shifted to the Vpp supply. 


LE (Latch Enable Input with Internal Pull-Up) — This input 
allows the data DO through D5 and T/R bits to be latched in 
the input-storage latch. If LE is held high, then the inputs to 
the latch are combinational and directly applied to the com- 
pare circuits. When LE is pulled low, the input values applied 
at DO through D5 and T/R are latched and held in the storage 
latch. 


T/R (TXE/RXE Swap Input with Internal Pull-Up) — This 
input allows the TXE and RXE inputs to be swapped. When 
T/R is a one, the TXE output is derived from FST and RXE 
from FSR. if T/R is a zero, the derivation is reversed. If FST 
and FSR are eight data clocks apart, then two TSAC chan- 
nels programmed to the same DO through D6 and different 
T/R bits will create a completed conversation. This feature is 
intended for use in simplifying small-key systems. 


DC (Data Clock Input) — The data clock input establishes 
the bit rate for the TSAC. This is typically 1.544 or 
2.048 MHz but can be any frequency up to 2.56 MHz. The 
data clock is divide-by-8 for both transmit- and receive-time 
slots. The data clock input is a CMOS compatible input be- 
tween Vpp and Vss. 
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FST (Frame Sync Transmit Input) — This input identifies 
the beginning of the zero-transmit time slot by resetting the 
divide-by-8 and divide-by-64 counters. FST is a CMOS com- 
patible input between Vpp and Vss. The TXE output will 
begin and end on one 8-bit word boundary which is syn- 
chronized with the FST input. The FST signal should be 
aligned with the leading edge of data clock and is typically 
8 kHz. 


FSR (Frame Sync Receive Input) — The FSR input pro- 
vides the same functions for the RXE output as FST did for 
TXE. The FSR and FST inputs can be any number of data 
clocks different, or can be the same. 


TXE, RXE (Transmit-Enable and Receive-Enable 
Outputs) — These outputs are used to control the transmit- 
ting and receiving of data words to and from Codecs. Each 
Output swings from Vpp to Vss and is eight data clocks 
long. TXE and RXE go high at the beginning of the pro- 
grammed time slot and low at the end. TXE is derived from 
FST and RXE is derived from FSR, provided the T/R bit is 
high. 


ST (Strobe Output) — The strobe output is provided to 
allow simplified input data storage or off-hook multiplexing 
control. ST is the logical AND of an enable signal (NDC) and 
the TXE time slot period. Thus, ST can only be high during a 
programmed TXE time slot. Since no other TSAC in a bank 
can have the same TXE programming, the ST output on any 
TSAC can be used to uniquely identify that TSAC by a pulse 
input on NDC. In many applications ST is used to control the 
LE input. 


NDC (New Data Clock Input with Internal Pull-Up) — This 
input can be used in conjunction with ST to strobe data into 
a TSAC bank. NDC can be used to enable the strobe output. 


Vpp, VSs — The TSAC will operate from any single sup- 
ply from 4.5 to 16 volts. The TSAC can be used in a 5-volt- 
only system by making both Vcc and Vpp 5 volts. 


MC14417 


FIGURE 2 — MOTOROLA MONO-CIRCUIT/TSAC COMBINATIONS 
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The MC14417 TSAC offers simple flexible time slot assignment for 
the PCM mono-circuit. Assignments are wired or latched into 

the data port. The MC14401 offers supply flexibility of +5, +6, +12, 
or +10 V with 18 pin packages and TTL compatibility. 


2-187 





(MA) MOTOROLA 


2-OF-8 KEYPAD-TO-BINARY ENCODER 


The MC14419 is designed for phone dialer system applications, but 
finds many applications as a keypad-to-binary encoder. The device con- 
tains a 2-of-8 to binary encoder, a strobe generator, and an illegal state 
detector. The encoder has four row inputs and four column inputs, and 
is designed to accept inputs from 16 keyswitches arranged in a 4x4 
matrix. For an output on the four data lines, one and only one row along 
with one and only one column input line must be activated. All other 


combinations are suppressed by the illegal state detector to eliminate. 


false data output. 

The strobe generator produces a strobe pulse when any of the 10 
keys corresponding to numerals 0 through 9 are depressed. The strobe 
output can be used to eliminate erroneous data entry due to contact 
bounce. For a strobe output to occur, the key row and column input 
lines must remain stable for 80 clock pulses after activation. When the 
contact bounce has settled and 80 clock pulses have occurred, the out- 
put will be a single strobe pulse equal in width to that of the clock low 
state. The strobe generator will output one and only one pulse each 
time a numerical key is depressed. After the pulse has occurred, noise 
and bounce due to contact break will not cause another strobe pulse. 
With a 16 kHz input clock frequency, the pulse occurs 5 ms after the last 
bounce. 


@ Suppressed Output for Illegal Input Codes 
@ On-Chip Pullup Resistors for Row and Column Inputs: 


@ Clock Input Conditioning Circuit 
@ Low Current Drain in Standby Mode 
5.QuA Typical @ 5.0 Vde 


@ Subsystem Complement to the MC14408/14409 Phone 
Pulse Converter 

@ Codes for Numbers 0-9 Produce a Strobe Pulse 

@ One Key Rollover Feature 


BLOCK DIAGRAM 


MC14419 


CMOS 


(LOW-POWER COMPLEMENTARY MOS) 


2-OF-8 KEYPAD-TO-BINARY 
ENCODER 


al 


L SUFFIX P SUFFIX 
CERAMIC PACKAGE PLASTIC PACKAGE 
CASE 620 | CASE 648 


ORDERING INFORMATION 
MC14XXX_ 


Suffix Denotes 
L= Ceramic 
P= Plastic 


PIN ASSIGNMENT 


Row O15 Clock 


Inputs 


BCD Strobe 
Detector Generator 


Column 
Inputs 


on On BWN = 


O 14 Strobe 


This device contains circuitry to protect 
the inputs against damage due to high static 
voltages or electric fields; however, it is 
advised that normal precautions be taken 
to avoid application of any voltage higher 
than maximum rated voltages to this high 
impedance circuit. For proper operation it 
is recommended that Vin and Voy be 
constrained to the range Vss < (Vin or 


Vout) < Vpp. 


D3 
Encoder Data 
and Outputs 
IHegal D2 
Code 
Detector 
Voo = Pin 16 
Vsg = Pin8 
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MC14419 


MAXIMUM RATINGS (Voltages referenced to Vgg, Pin 8.) 


DC Supply Voltage +6.0 to -0.5 
Vde 


Input Voltage, All Inputs Vi Vop + 0.5 


Operating Temperature Range -40 to +85 
Storage Temperature Range -65 to +150 

























ELECTRICAL CHARACTERISTICS 


Vpp 
Characteristic Sy mbol Vdc 


‘Output Voltage “O"' Level 
“1 Level 
Noise Immunity 
(O4Vout < 0.8 Vde) 


Output Drive Current 
(VoH = 2.5 Vdc) Source 
(VoL =0.4 Vdc) = Sink 

Input Leakage Current 
(Vin = Vpp) 

Pullup Resistor Source Current 
(Row and Column Inputs) 
(Vin = Vss) 

Input Capacitance 
(Vin = Vss) 

Standby Supply Current 
(folock = 16 kHz, No Keys 

Depressed) 

Standby Supply Current as a lops = 0.09 uA/kHz + 3.0 nA 
Function of Clock Frequency * 
(No Keys Depressed) 





*The formula given is for the typical characteristics only. 


SWITCHING CHARACTERISTICS (Cc, = 50 pF, T, = 25°C) 
Characteristic 
Output Rise and Fall Times, D1 thru D4 (Figure 1) 


Propagation Delay Time, Row or Column Input to 
Data Output (Figure 1) 


Clock Pulse Frequency Range 
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FIGURE 1 — SWITCHING TIME WAVEFORMS FIGURE 2 — TYPICAL STROBE PULSE DELAY TIMES 


PRF tsT* 
Clock Frequency Strobe Pulse Delay Time 


kHz 


Row or 
Column 
Input 





Dn 
Output ' *tg7 = (1/PRF) © 80, with PRF in kHz, tsz in ms. 





FIGURE 3 ~ STROBE GENERATOR TIMING DIAGRAM 


Contact ; Contact 
Make Noise Break 
Bounce Spike Bounce 


Rowor °-- 
Column 
Input 
Se eee : 


Strobe Generator 80 Clock 
Output Pulses 


**PWost = Strobe Pulse Width = Low State Clock Pulse Width (PW_). 





| TRUTH TABLE 
| 
[Rew [Column Outputs 
Key** D4 D3 D2 D1 | Strobe 


1 1 
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Ali Other Combinations | 0 0 0 0 | 


**See Figure 4 for keypad designation. 
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FIGURE 4 — TYPICAL KEYPAD INTERFACE APPLICATION 


Keypad with OPST 
N.O, Switches 4x 4 Keypad 


Column 





MC14419 


or 


Keypad with SPST 
N.O. Switches 


Column 


Row 





FIGURE 5 — PHONE DIALER SYSTEM 


MC14419 | MC 14408, MC14409 
2-of-8 Keypad-to-Binary Encoder | Binary-toPhone Pulse Converter 


folk = 16 kHz | Lome 





C2 
0.04 
MF > 
~ Vss 
10 e 
Row 20 O O11 Outpulsing 
Inputs 30 0 
From 40 e 
Keypad 
50 e , : 
Column 60 0 O12 Dial morering 
Inputs 70 "> Output 
90 e 
Hold 9 9 
Call Request 13 O 
Vop = Pin 1 MC14408/409 Re-Dial 10 O Vpp = Pin 16 
Vgg = Pin Control inputs Vgg =Pin 8 


Interdigit Time 14 O 


Make-Break Ratio 15 O bala 
*Between each digit 


pulsetrain, MC14408 
DRO stays high, 
MC14409 DRO goes low. 


a oO) 
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Advance Information | | re: 
ELECTRONIC 


ELECTRONIC TELEPHONE CIRCUIT | | | TELEPHONE 


Provides All Basic Telephone Station Apparatus Functions in | CIRCUIT 
a Single IC, Including DTMF Dialer, Tone Ringer, Speech Net- 
work and Line Voltage Regulator | BIPOLAR LINEAR/I2L 
DTMF Generator Uses Low-Cost Ceramic Resonator with Ac- ; 
curate Frequency Synthesis Technique 

@ Tone Ringer Drives Piezoelectric Transducer and Satisfies ElA 
RS-470 Impedance Signature Requirements 
Speech Network Provides Two—Four Wire Conversion with Ad- 
justable Sidetone Utilizing an Electret Transmitter 
On-Chip Regulator Insures Stable Operation Over Wide Range 
of Loop Lengths 
[2L Technology Provides Low 1.4 Volt Operation and High Static 
Discharge Immunity. | 


MC34010P Provides Microprocessor Interface Port for Auto- | PLASTIC PACKAGE 
matic Dialing Features | CASE 711-03 





FIGURE 1 — ELEMENTS OF THE MC34010/11 ELECTRONIC TELEPHONE 


Hook Switch 
ae 5 
/ 


Ceramic 
Resonator 


MPU 
Interface Speech 
(MC34010 Network 
only) 


\7 MC34010/11 


Electret 
Microphone 





This document contains information on a new product. Specifications and information herein 
are subject to change without notice. 


2-192 


MC34010P, MC34011P 


MAXIMUM RATINGS (Voltage References to V — ) PIN CONNECTIONS 


es 







TRF 





















dees Be 

; R2 C2 TRO 

R3 3 TRI 
C3 7 V+ 

R1-R4 Terminal Current (Pins 1-4) +100 C4 8 BP 
esl Wing 2-8) Le ‘DP C9 LR 
CL, TG, DD, i/0, A+ (MC34016 oniy) +12, -1.0 V ‘TS Cid LC 
—e ve 
~ “At VR 
10 CAL 
*DD RXO 

“CL RXI 

. CR1 RM 

GENERAL CIRCUIT DESCRIPTION CRe2 STA 
Introduction MM TXO 
The MC34010/11 Electronic Telephone Circuits (ETC) AGC TXI 
provide all the necessary elements of a tone dialing MIC TXL 





telephone in a single IC. The functional blocks of the 
ETC include the DTMF dialer, speech network, tone 
ringer, and dc line interface circuit (Figure 1). The 
MC34010 also provides a microprocessor interface port 
that facilitates automatic dialing features. 

Low voltage operation is a necessity for telephones 
in networks where parallel telephone connections are 
common. An electronic speech network operating in 
parallel with a conventional telephone may receive line 
voltages below 2.5 volts. DTMF dialers operate at sim- 
ilarly low-line voltages when signaling through battery 
powered station carrier equipment. These low voltage 
requirements have been addressed by realizing the 
MC34010/11 in a bipolar/I2L technology with appropri- 
ate circuit techniques. The resulting speech and dialer 
circuits maintain specified performance with instanta- 
neous input voltage as low as 1.4 volts. 


*MC34010P only. 


FIGURE 2 — MPU INTERFACE CODES 





Line Voltage Regulator 
The dc line interface circuit (Figure 3) determines the Keypad 
dc input characteristic of the telephone. At low input 


voltages (less than 3 volts) the ETC draws only the | Key || Row | Column | Code (B3-B0) 








Dummy Load 


From Dialer 


1 1 1 

FIGURE 3 — DC LINE INTERFACE BLOCK DIAGRAM : : 
4 2 1 

ee ag Se eg ee 1 Telephone 5 2 2 
ae Line 6 2 3 

C11 7 3 1 
° T1 | 8 3 2 

Voltage aes 9 3 3 

0 4 2 

VELL A 1 4 

B 2 4 

C 3 4 

D 4 4 

* 4 1 

#€ 4 3 
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GENERAL CIRCUIT DESCRIPTION (continued) 


speech and dialer bias currents through the VR regu- 
lator. As input voltage increases, Q1 conducts the ex- 
cess dc line current through resistor R4. The 1.5 volt 
level shift prevents saturation of Q2 with telephone line 
signals up to 2.0 volts peak (+5.2 dBm). A constant 
current (dummy load) is switched off when the DTMF 
dialer is activated to reduce line current transients. Fig- 
ure 4 illustrates the dc voltage/current characteristic of 
an MC34010/11 telephone. 


FIGURE 4 — DC V-I CHARACTERISTIC OF THE ETC 


7.0 
D> 6.0 »! ay: 
‘= = Al 
= 5.0 
al Speech Mode 
woo AV 
oo 4.0 — = R4 
Oe : Al 
&a 
S$ 3 3.0 
£o Tt DTMF — Operable 
om Mode . 

ie ZY : Inoperable Liz 

la 4 4 LZ : ‘A d y, 


10 20 30 40 50 60 120 
Line Current (mA) 


Speech Network | : 

The speech network (Figure 5) provides the two-to- 
four wire interface between the telephone line and the 
instrument's transmitter and receiver. An electret mi- 
crophone biased from VR drives the transmit amplifier. 
For very: loud talkers, the peak limiter circuit reduces 


- the transmit input level to maintain low distortion. The 


transmit amplifier output signal is inverted at the STA 
terminal and driven through an external R-C network 
to control the receiver sidetone level. The switched ac 
resistance at the RM terminal reduces receiver signal 
when dialing and suppresses clicks due to hook or key- 
pad switch transitions, When transmitting, audio signal 


currents (itxo and inxo¢) flow through the voltage reg- 


ulator pass transistor (T1) to drive the telephone line. 
This feature has two consequences: 1) In the transmit- 
ting mode the receiver sidetone current igxo contrip- 
utes to the total signal on the line along with itxo; 
2) The ac impedance of the telephone is determined by 
the receiver impedance and the voltage gain from the 
line to the receiver amplifier output. 


DTMF Dialer 

_ Keypad interface comparators activate the DTMF row 
and column tone generators (Figure 6) when a row and 
column input are connected through a SPST keypad. 
The keypad interface is designed to function with con- 
tact resistances up to 1.0 kQ. and leakage resistances as 
low as 150 kQ.. Single tones may be initiated by de- 
pressing two keys in the same row or column. 


FIGURE 5 — SPEECH NETWORK BLOCK DIAGRAM 
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The programmable counters employ a novel design 
to produce non-integer frequency ratios. The various 
DTMF tones are synthesized with frequency division 
errors less than +0.16% (Table 1). Consequently an in- 
expensive ceramic resonator can be used instead of a 
quartz crystal as the DTMF frequency reference. Total 


frequency error less than +0.8% can be achieved with 
+0.3% ceramic resonator. The row and column D/A 
converters produce 16-step approximations of sinu- 
soidal waveforms. Feedback through terminal FB re- 
duces the DTMF output impedance to approximately 
2.0 kf. to satisfy return loss specifications. 


FIGURE 6 — DTMF DIALER BLOCK DIAGRAM 













se et Nemeth i Na Sa NN a a a at 5 
| 
SI —— | 
Column 
Es Counter Ee) 1 FB 
Encoder Column V+ C14 
and O 
Row = : Telephone 
Counter JCAL 
& | 
Encoder | R14 
\/ | V 
Mute Signalto ‘| 
Speech Network | 
Column Counter 7 
Row Counter , 
| 
Leh leet ea a a oe Oe eee nera aer e PIC 


CR1¢-4[]-¢ CR2 
C1>5 XR AR C2 
b¢ v- 


Tone Ringer 

The tone ringer (Figure 7) generates a warbling 
square wave output drive to a piezo sound element 
when the ac line voltage exceeds a predetermined 
threshold levei. The threshold detector uses a current 
mode comparator to prevent on/off chatter when the 
Output current reduces the voltage available at the 
ringer input. When the average current into the tone 
ringer exceeds the threshold level, the ringer output 
TRO commences driving the piezo transducer. This out- 
put current sourced from TRI increases the average cur- 
rent measured by the threshold detector. As a result, 
hysteresis is produced beween the tone ringer on and 
off thresholds. The output frequency at TRO alternates 
between f,/8 and f9/10 at a warble rate of fg/640, where 
fo is the ringer oscillator frequency. 


Microprocessor Interface (MC34010 Only) 

The MPU interface connects the keypad and DTMF 
sections of the ETC to a microprocessor for storing and 
retrieving numbers to be dialed. Figure 8 shows the 
major blocks of the MPU interface section and the in- 
terconnections between the keypad interface, DTMF 
generator and microprocessor. Each button of a 12 or 
16 number keypad is represented by a four-bit code 
(Figure 2). This four-bit code is used to load the pro- 
grammable counters to generate the appropriate row 
and column tones. The code is transferred serially to or 
from the microprocessor when the shift register is 
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clocked by the microprocessor. Data is transferred 
through the 1/O terminal, and the direction of data flow 
is determined by the Data Direction (DD) input terminal. 
In the manual dialing mode, DD is a Logic ‘0’ and the 
four-bit code from the keypad is fed to the DTMF gen- 
erator by the digital multiplexer and also output on the 
1/0 terminal through the four-bit shift register. The data 
sequence on the I/O terminal is B3, B2, B1, BO and is 
transferred on the negative edge of the clock input (CL). 
In this mode the shift register load enable circuit cycles 
the register between the load and read modes such that 
multiple read cycles may be run for a single-key closure. 
Six complete clock cycles are required to output data 
from the ETC and reload the register for a second look. 

In the automatic dialing mode, DD is a Logic 1” and 
the four-bit code is serially entered in the sequence B3, 
B2, B1, BO into the four-bit shift register. Thus, only four 
clock cycles are required to transfer a number into the 
ETC. The keypad is disabled in this mode. A Logic “1” 
on the Tone Output (TO) will disable tone outputs until 
valid data from the microprocessor is in place. Subse- 
quently TO is switched to a Logic ‘’0” to enable the 
DTMF generator. Figures 9 and 10 show the timing wav- 
eforms for the manual and automatic dialing modes 
and Table 2 specifies timing limitations. 

The keypad decoder’s exciusive OR circuit generates 
the DP and MS output signals. The DP output indicates 
(when at a Logic 1”) that one, and only one, key is 
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depressed, thereby indicating valid data is available to 
the MPU. The DP output can additionally be used to 
initiate a data transfer sequence to the microprocessor. 
The MS output (when at a Logic ‘1’’) indicates the DTMF 
generator is enabled and the speech network is muted. 

Pin A+ is to be connected to a source of 2.5 to 10 
volts (generally from the microprocessor circuit) to en- 
able the pullup circuits on the microprocessor interface 
outputs (DP, MS, I/O). Additionally, this voltage will 


power the entire circuitry (except Tone Ringer) in the 
absence of voltage at V+. This permits use of the trans- 
mit and receive amplifiers, keypad interface, and DTMF 
generator for non-typical telephone functions. 


See Figure 45 for a typical interconnection to an 
MC6821 PIA (Peripheral Interface Adapter). Connection 
to a port on any other class of microprocessor will be 
similar. 


FIGURE 7 — TONE RINGER BLOCK DIAGRAM 
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FIGURE 9 — OUTPUT DATA CYCLE FROM MC34010 
NOTE: TO may be low (Tone generator enabled) if desired. 
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FIGURE 10 — INPUT DATA CYCLE TO MC34010 
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TABLE 1 — FREQUENCY SYNTHESIZER ERRORS TABLE 2 — TIMING LIMITATIONS 


DTMF Tone Output 
Standard | Frequency with % Deviation 
(Hz) 500 kHz Oscillator | from Standard 


Clock Frequency 
Clock High Time 
Row 1 
Row 2 
Row 3 
Row 4 


Clock Low Time 


Clock Rise, Fall Time 

Clock Transition to 
Data Valid 

Time from DP High 
to CL Low 

Time from DD High 
to CL Low © 

Data Setup Time 

Data Hold Time 

Time from CL Low 
to TO Low__ 

Time from TO High 
to DD High 


Column 1 
Column 2 
Column 3 
Column 4 
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PIN DESCRIPTION 
(See Figure 45 for external component identifications.) 


| Pin | Designation | Function 


Keypad inputs for Rows 1 through 4. When open, internal 8.0 kQ resistors pull up the row inputs to a 
regulated (~0.5 volt) supply. In normal operation, a row and a column input are connected through a 
SPST switch by the telephone keypad. Row inputs can also be activated by a Logic 0” (<250 mV) from 
a microprocessor port. 


Keypad inputs for Columns 1 through 4. When open, internal 8.0 kN resistors pull down the column 
inputs to V—.In normal operation, connecting any column input to any row input produces the respective 
row and column DTMF tones. In addition to being connected to a row input, column inputs can be 
activated by a Logic “1” (>250 mV and <1.0 volt). 


Depressed Pushbutton (Output) — Normally low; A Logic “1” indicates one and only one, button of the 
DTMF keypad is depressed. 


Mute/Single Tone (Output) — A Logic ‘’1”’ indicates a row and/or column tone is being generated. A 
Logic ‘‘0” indicates tone generator is disabled. 


MPU Power Supply (Input) — Enables pullups on the microprocessor section outputs. Additionally, this 
voltage will power the entire circuit (except Tone Ringer) in the absence of voltage at V+. 


Input/Output — Serial Input or Output data (determined by DD input) to or from the microprocessor for 
storing or retrieving telephone numbers. Guaranteed to be a Logic “1”. on powerup if DD = Logic “0.” 


Data Direction (Input) — Determines direction of data flow through I/O pin. As a Logic 1,” I/O is an 
input to the DTMF generator. As a Logic “0,” 1/O outputs keypad entries to the microprocessor. 


Clock (Input) — Serially shifts data in or out of I/O pin. Data is transferred on negative edge typically at 
20 kHz. 


Ceramic Resonator oscillator input and feedback terminals, respectively. The DTMF dialer is intended 
to operate with a 500 kHz ceramic resonator from which row and column tones are synthesized. 


Amplitude CALibration terminal for DTMF dialer. Resistor R14 from the CAL pin to V— controls the DTMF 
output signal level at Tip and Ring. 


FeedBack terminal for DTMF output. Capacitor C14 connected from FB to V+ provides ac feedback to 
reduce the output impedance to Tip and Ring when tone dialing. 


Voltage Regulator output terminal. VR is the output of a 1.1 volt voltage regulator which supplies power 
to the speech network amplifiers and DTMF generator during signaling. To improve regulator efficiency 
at low line current conditions, an external PNP pass-transistor T1 is used in the regulator circuit. Capacitor 
cg frequency compensates the VR regulator to prevent oscillation. 


Base of a PNP Pass-transistor. Under long-loop conditions where low line voltages would cause VR to 
fall below 1.1 volts, BP drives the PNP transistor T1 into saturation, thereby minimizing the voltage drop 

~ across the pass transistor. At line voltages which maintain VR above 1.1 volts, BP biases T1 in the linear 
region thereby regulating the VR voltage. Transistor T1 also couples the ac al signals from the 
transmit amplifier to Tip and Ring at V+. 


The more positive input to the regulator, speech, and DTMF sections eonnectad to Tip and Ring through 
the polarity guard diode bridge. 


The dc common (more negative input) connected to Tip and Ring through the polarity guard bridge. 


DC Load Resistor. Resistor R4 from LR to V— determines the dc input resistance at Tip and Ring. This 
resistor is external not only to enable programming the dc resistance but also to avoid high on-chip 
power dissipation with short telephone lines. It acts as a shunt load conducting the excess dc line current. 
At low line voltages (<3.0 volts), no current flows through LR. 


DC Load Capacitor. Capacitor C11 from LC to V— forms a low-pass filter which prevents the resistor at 
LR from loading ac speech and DTMF signals. 





MiCrophone negative supply terminal. The dc current from the electret microphone is returned to V— 
through the MIC terminal which is connected to the collector of an on-chip NPN transistor. The base of 
this transistor is controlled either internally by the mute signal from the DTMF generator, or externally 
by the logic input pin MM. 


*MC34010P only. . (continued) 
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en Designation 


PIN DESCRIPTION (continued) 


Function 


Microphone Mute. The MM pin provides a means to mute the microphone in response to a digital control 
signal. When this pin is connected to a Logic ‘’1”" (>2.0 V) the microphone dc return path through the 
MIC terminal is disabled. 


Transmit amplifier Input. TXI is the input to the transmit amplifier from an electret microphone. AC 
coupling capacitors allow the dc offset at TXI to be maintained approximately 0.6 V above V — by feedback 
through resistor R11 from TXO. 


Transmit Input Limiter. An internal variable resistance element at the TXL terminal controls the transmitter 
input level to prevent clipping with high signal levels. Coupling capacitors C4 and C5 prevent dc current 
flow through TXL. The dynamic range of the transmit peak limiter is controlled by resistors R12 and 
R13. 


Transmit Amplifier Output. The transmit amplifier output drives ac current through the voltage regulator 
pass-transistor T1 via resistor R10. The dc bias voltage at TXO is typically 0.6 volts above V—. The 
transmit amplifier gain is controlled by the R11/(R12 + R13) ratio. 


Automatic Gain Control low-pass filter terminal. Capacitor C3 connected between AGC and VR sets the 
attack and decay time of the transmit limiter circuit. This capacitor also aids in reducing clicks in the 
receiver due to hook-switch transients and DTMF on/off transients. In conjunction with internal resistors, 
C3 (1.0 uF) forms a timer which mutes the receiver amplifier for approximately 20 milliseconds after the 
user goes off-hook or releases a DTMF Key. 


Receiver Amplifier Output. This terminal is connected to the open-collector NPN output transistor of the 
receiver amplifier. DC bias current for the output device is sourced through the receiver from VR. The 
bias voltage at RXO is typically 0.6 volts above the V —. Capacitor C10 from RXO to VR provides frequency 
compensation for the receiver amplifier. 


Receiver Amplifier Input. RXI is the input terminal of the receiver amplifier which is driven by ac signals 
from V+ and STA. Input coupling capacitor C8 allows RXI to be biased approximately 0.6 volts above 
the V— via feedback resistor R6. 


Receiver Amplifier Mute. A switched resistance at the RM terminal attenuates the receiver amplifier 
input signal produced by DTMF dialing tones at V+. RM also mutes clicks at the receiver which result 
from keypad or hook switch transitions. The ac resistance at RM is typically 540 0 in the mute mode and 
200 kf. otherwise. Coupling capacitors C7 and C8 prevent dc current flow through RM. 


SideTone Amplifier output. STA is the output of the sidetone inverter amplifier whose input is driven 
by the transmit signal at TXO. The inverted transmit signal from STA subtracts from the receiver amplifier 
input current from V+, thus reducing the receiver sidetone level. Since the transmitted signal at V+ is 
phase shifted with respect to TXO by the reactive impedance of the phone line, the signal from STA 
must be similarly phase-shifted in order to provide adequate sidetone reduction. This phase relationship 
between the transmit signal at TXO and the sidetone cancellation signal from STA is controlled by R8, 
R9, and C6. 


Tone Ringer Input terminal. TRI is the positive supply voltage terminal for tone ringer circuitry. Current 
is supplied to TRI through resistor R2. When the average voltage across R2 exceeds an internal reference 
voltage (typically 1.6 volts) the tone ringer output is enabled. 


Tone Ringer Input Filter capacitor terminal. Capacitor C16 connected from TRF to TRS forms a low-pass 
filter. This filter averages the signal across resistor R2 and presents this dc voltage to the input of the 
threshold detector. Line voltage transients are rejected if the duration is insufficient to charge C16 to 1.6 
volts. 


Tone Ringer oscillator Capacitor and resistor terminal. The relaxation oscillator frequency fo is set by 
resistor R3 and capacitor C13 connected from TRC to V-—. Typically, fo = (R3C13 + 8.0 us)- 1, 


Tone Ringer Output terminal. The frequency of the square wave output signal at TRO alternates from 
fg/8 to fo/10 at a warble rate of fo/640. Typical output frequencies are 1000 Hz and 800 Hz with a 12.5 
Hz warble rate. TRO sources or sinks up to 20 mA to produce an output voltage swing of 18 volts peak- 
to-peak across the piezo transducer. Tone ringer volume control can be implemented by a variable 
resistor in series with the piezo transducer. 
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ELECTRICAL CHARACTERISTICS (Ta = 25°C) 


KEYPAD INTERFACE CIRCUIT 


Test 
Characteristic Method 
Row japut Pullup Resistance 
mth Row Terminal: m = 1,2,3,4 


nth Column Terminal: n = 1,2,3,4 | 
Km,n = awe n= 12,34 | Sha a ol a el 


| Row Terminal Open Circuit Voltage ne | mVde 
Row Threshold Voltage for mth 0.70 se _|___ san 

Row Terminal: m = 1,2,3,4 

Column Threshold Voitage for nth 0.39 Vroc 

Column Terminal: n = 1,2,3,4 


MICROPROCESSOR INTERFACE (Mc34010P only) 


A+ Regulator 

| talofty | 

Py eae aT 
[input Resistance (0D, TO, ct) | 80 in' =| S80] tos | ts0|k 
[input Current (vo) Tt tin S| 00 
[Input High Voltage (DD, TO, CL.vo) | SO | CH | 0 | OT | 
[Input Low Voltage (DD, TO, cL.vo) | OO | CM | OC | OC Tot | 
[Output High Voltage (MS,0P,V0) | 82] Von | 24 || 
[Output Low Voltage (MS,DP,v0) | 8 | Vo | Ot | | 


LINE VOLTAGE REGULATOR 


[Voltage Regulator Output | tat || Tt || Vots 
+ arenin DTM Meee —__—__f fej tn) 88 en 
[ Change in Ipt with Change inV+ Voltage |__| lor, =| =O || 


V+ Current in Speech Mode 
1b 3.5 5.0 7.0 
at aa 0 arrak ae 


V+ =17V 
V+ =5.0V 
Speech to DTMF Mode Current Difference | ATR 
LR Level Shift AVLR 
eH 5.0V,ILR = 10 mA 4a 
18 V, LR = 110 mA 4b 
Load Regulation ee 



























Ratio of saci Input Resistances 



































Hod 
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ELECTRICAL CHARACTERISTICS (continued) 


SPEECH NETWORK 


MIC Terminal Saturation Voltage | 20 
MIC Terminal Leakage Current 










MM Terminal Input Resistance 


TXO Terminal Bias 


TXO Terminal Positive Swing 
200 
[Transmit Amplifier Closed-Loop Gain sss | = 23a_|_SGrx_—| =e | 9S | S| 
|Sidetone Amplifier Gain | 28D | Gta | at | os | oss | 
[STA Terminal Output Current ——=SSSS=*S2A Sista | 80 | 100 | 250 | A 
TAXOTerminalgies —SSS*~“‘~*‘“‘*dCSC«tS~SC*dSCéBR | 0G *| se es] 
|RXI Terminal input Bias Current =| 28D | axt =| |S | Sts || 00 |r A_ 
| RXO Terminal Positive Swing | 8 | Vaxol+) | = — | 1.0 | 20 | mV 
| RXO Terminal NegativeSwing | 28d Vaxol-) | — | 40 | 100] mde 
|TXL Terminal OFF Resistance | 26a RTXLIOFF)| 128 | 200, | 300, || kn 
TXL Terminal ON Resistance ——=S~wSCti SL ALCON | — | 20 ~~| 100 ~*~) =O 
| RM Terminal OFF Resistance |= 27a_ | RRMIOFF)| 128 | 180 |= 300, | ko 
[RM Terminal ON Resistance | 27 | RMON) | __ 10 570 770 


_ 
l1c, 11d fen 
Column 3 
Column 4 


[OTMF Output Resistance —SSCSC~S~—rSC 
























DTMF GENERATOR 






Row Tone Frequency 





Column Tone Frequency Column 1 
Column 2 
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ELECTRICAL CHARACTERISTICS (continued) 


TONE RINGER 
Test 
aire aN a aes 
TRI Terminal |TRiTerminal Voltage = ssid | Vir | 


















TRS Terminal Input Current 
VTRS = 24 volts 
VTRS = 30 volts 


TRF Threshold Voltage | tea | vrre | 12 | te | 9 |e 
[TRF Threshold Hysteresis | tb AVTRF | 100 | 200 | 400 mV 
|TAFFilter Resistance |] Ree | 90 | || 
[High Tone Frequency | Tt | 820 | t000 | topo |e 
|LowTone Frequency | tT 786 ||| 
[Warble Frequency 


Warble Frequency 












Tone Ringer Output Voltage 


2N4126 


MC34010 
Only 


100 pF | 
IT 7, 100 pF 


e 
Notes: 
1. *Selected ceramic resonator: 500 kHz +0.2 kHz. = 
2. Capacitances in uF unless noted. 
3. All resistances in ohms. 
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FIGURE 12 — TEST ONE 


General 
Test 
Circuit 


a. Measure Vp with Vs = 1.7 V 
b. Measure Isp with Vs = 1.7 V 
c. Measure Isp with Vs = 5.0 V 


FIGURE 14 — TEST THREE 


General 
Test 
Circuit 


With S; open measure I;R. Close S1 and again measure 
ITR. Calculate: 


AltR = ITR ls ITR| : 
1 1 


Closed Open 
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FIGURE 13 — TEST TWO 






General 
Test 
Circuit 


a. Measure Int with Vs = 11.5 V 
b. Measure IpT with Vs = 26 V. Calculate 
Alpt = !pt| - 'pt| 
26 V 11.5 V 


FIGURE 15 — TEST FOUR 


General 
Test 
Circuit 


a. Set Vg = 5.0 V and ILR = 10 mA. Measure V_R. 
Calculate AViR = Vs — VLR 


b. Repeat Test 4a with Vs = 18 V and i_R = 110 mA 
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FIGURE 16 — TEST FIVE 


General 
Test 
Circuit 


With Sj open measure Vic. 
Close S1 and measure Ic. 
Calculate: 

5.0 - Vic 


Ric = ic 


FIGURE 18 — TEST SEVEN 


General 
Test 
Circuit 


Subscript m corresponds to row number. 


a. Set S1 to Terminal 2 and measure voltage at Terminal 1 


(VROC). : 


b. Set S_ to Terminal 1 (m = 1) and measure |pj. Calculate: 


RrR1 = Vroc + '!r1 
c,d,e. Repeat Test 7b form = 2,3,4. 


FIGURE 17 — TEST SIX 


General 
Test 
Circuit 


Set Igp = 0.0 uA and measure Vp. 
Set Ipp = 150 uA and measure Vr. Calculate: 
AVR = VR| — Vel 
0.0 uA 150 nA 


FIGURE 19 — TEST EIGHT 


General 
Test 
Circuit 


Subscript n corresponds to column number. 


a. Set S7 to Terminal 5 (n = 1) and measure Ic}. Calculate: 
Roi = 1.0V = Ic | 
b,c,d. Repeat Test 8a for n = 2,3,4. 
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FIGURE 20 — TEST NINE 


General 
Test 
Circuit 


m corresponds to row number. 


a. Set S1 to Terminal 1 (m = 1) with Vz = 1.0 Vdc. Verify 


Veic is Low (Vic < 0.3 Vdc). Decrease V1 to 0.70 Vroc 
and verify Viyic switches high. (Viyic > 0.5 Vde). VRroc 
is obtained from Test 7a. 


b,c,d. Repeat Test 9a for rows 2,3, and 4. (m = 2,3,4) 








FIGURE 21 — TEST TEN 





General 
Test 
Circuit 





n corresponds to column number. 


. Set Sq to Terminal 5 (n = 1) with Vy = 0 Vdc. Verify 


Veaic is low (Vic < 0.3 Vde). Increase V1 to 0.39 VRoc 
and verify Vic switches high, (Vyyic > 0.5 Vdc). Vroc 
is obtained from Test 7a. 


b,c,d. Repeat Test 10a for columns 2,3, and 4. (n = 2,3,4) 


FIGURE 22 — TEST ELEVEN 


General 
Test 
Circuit 


m corresponds to row number. 
n corresponds to column number. 
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. With Vz = 0.0 V set Sq to Terminal 1 (m = 1) and 


measure frequency of tone at V+. 


. Repeat Test 11a for rows 2,3 and 4. (m = 2,3,4). 
. With Vz = 1.0 V set S; to Terminal 5. (n = 1) and 


measure frequency of tone at V+. 


d. Repeat Test for columns 2,3, and 4. (n = 2,3,4). 


e. Set S; to Terminal 4 and V1 = 0.0 V. Measure row tone 


amplitude at V+ (VRow). 


. Set Sz to Terminal 8 and V1 = 1.0 V. Measure column 


tone amplitude at V+. (VcoL). 


. Using results of Tests 11e and 11f, calculate: 


VCOL 
dBcR = 20 logio VROW 
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FIGURE 23 — TEST TWELVE 


General 
Test 
Circuit 


10 kHz Single 
Pole LPF 


Note: The notch filters must have 50 dB attenuation at their 
respective center frequencies. 


Measure V+ and V4 with a true rms voltmeter. Calculate: 
V4(rms) 


° fle ee nes 
6 DIS = Vx (rms) * 


FIGURE 25 — TEST FOURTEEN 


General 
. Test 
Circuit 


Set | = 1.0 mA and measure VTRj. 
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FIGURE 24 — TEST THIRTEEN 


General 
Test 
Circuit 


Measure Is at Vj = 1.8V and V1 = 2.8V. 
Calculate: 


Ro = 1.0V +l 


28V ‘1.8V 


FIGURE 26 — TEST FIFTEEN 


General 
Test 
Circuit 


a. Measure IRs with V4 
b. Measure ItRs with V4 





MC34010P, MC34011P 













FIGURE 27 — TEST SIXTEEN FIGURE 28 — TEST SEVENTEEN 







General 
Test 
Circuit 









General 
Test 
Circuit 








a. Increase Vy from 21 V until VTRO switches on. Note that 
VTRO will be an 16 Vpp square wave. Record this value 
of V1. Calculate: 

VTRF = V1 - 20 V 

b. Decrease V1 from its setting in Test 16a until VTRO 
ceases switching. Record this value of V1. Calculate: 
AVTRF = v1 | 7 v4] 

Test Test 
16a 16b 


Measure ITRf. Calculate: RpRF = 1.0 + ITRF. 


FIGURE 29 — TEST EIGHTEEN 
Vop 


sams | 200 k 
16 


15 LL 
ae 
Ic2 . — 0.01 pF 


=a 
10 


9 


General 
Test 


1+ 
Circuit i 20 V 


1 
2 
3 
4 
5 
6 
7 
8 





1/41C1 JO 
T1 = 2N3904 
IC1 — MC14011B 
IC2 — MC14538B 


V Vv 8 1/41C1 © 
aa ha 


Measure the frequencies fw, fH, fL. = 
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FIGURE 30 — TEST NINETEEN 


General 
Test 
Circuit 


Measure VTRO peak-to-peak voltage swing. 
Using VTR| from Test 14 Calculate: 


Vo(p-p) = VTRI - 20V + VTRO 


FIGURE 32 — TEST TWENTY-ONE 


General 
Test .. 
Circuit 


+ + 
a Ty 


a. Set V1 = 2.0 V and measure IMIc. 


b. Set V1 = 5.0 V and measure Ijjm. 
Calculate: Ruwm = 5.0V = Imm 
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FIGURE 31 — TEST TWENTY 


General 
Test 
Circuit 


Measure VMic 


FIGURE 33 — TEST TWENTY-TWO 


General 
Test 
Circuit 


. With S1 open, measure VTxQ¢. Using VR obtained in Test 


1 Calculate: Btxo = VTxO = VR 


. With S; open, measure VTxo and VT x}. Calculate: 


Irxi = (VtTxo — VTxi) + 200 kO 


. Close S1 and set! = —10 wA. Measure Vtxo. Calculate: 


VTxo(+) = VR — VTxo where Vp is obtained from 
Test 1. 


. Close S1 and set | = +10 wA. Measure VTxo. 


Vtxol-) = VTxo- 
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FIGURE 34 — TEST TWENTY-THREE 





General 
Test 
Circuit 






a. Set the generator for vj = 3.0 MVrms. Measure ac 
voltage VTxo. Calculate: 
GTx = VTXO 
Vj 
b. Measure ac voltage Vsta. Using VTxo from Test 23a 
calculate: 
V 
G = ~sIA 
STA VTxo 


FIGURE 36 — TEST TWENTY-FIVE 


General 
Test 
Circuit 


. With S1 open, measure Vrxo. Using VR obtained in Test 
1, calculate: BRxO = VRxoO + VR. 

. With S1 open, measure Vrxo and VRxj. Calculate: 
IRx| = (VRXO ~ VRx1) + 100 kO 


. Close S1 and set! = —10 vA. Measure Vaxo. Using VR 
obtained in Test 1, calculate: V—pxo (+) = VR — Vrxo. 


. Close S; and set! = +10 uA and measure Vraxo. 
VRx0l-) = VRxo: 
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FIGURE 35 — TEST TWENTY-FOUR 







General 
Test 
Circuit 


Measure IsTa. 


FIGURE 37 — TEST TWENTY-SIX 


General 
Test 
Circuit 


a. Set S1 to position A with S2 open. Measure ITx_. 
Calculate: Rx (OFF) = 0.4V + ITxL. 

b. Set S; to position B and close S2. Measure ac voltages v; 
and Vrx,. Calculate: 


V 
Rrx_ (ON) = —1Kb— x 6.1 ko 
i Vi-VTXL 
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FIGURE 38 — TEST TWENTY-SEVEN FIGURE 39 — TEST TWENTY-EIGHT 


General = General 
Test : 5.0 V Test 
Circuit ae Circuit 


. With S2 open and $1 in position 
A measure inp. 
Calculate: Rry(OFF)=0.4 V + Inn 


. Close Sg and switch S4 to position B. Measure ac 
voltages vj and Vrvy. 
Caiculate: 


Vv 
Ran(ON) = —-BM— x 10 ka 
om vi — VRM 


a. Set V+ = 1.4 V. Measure |a(OFF) 
b. Set V+ = 0.6 V. Measure |a(ON) 


FIGURE 41 — TEST THIRTY 


_ General General 
Test Test 
Circuit Circuit 


OV 


5.0 a 


Jt. 
7 


Measure Yaa Measure ljp at each of three inputs. For each, calculate: 


Rin = 5.0 Vilin 
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FIGURE 43 — TEST THIRTY-TWO 





FIGURE 42 — TEST THIRTY-ONE 


General 
Test 
Circuit 






General 
Test 


+ + + 
5.0 ee fos v [2.0 V Circuit 









+ + 
Be le V i ge V 





Measure ljn. 
b. Close S7, measure Vop at Pin 11. 


c. Close S; and Ss. Measure Voy 


a. Measure Vow at Pin 13. “ i 
at 1. 


at Pin 9. 


FIGURE 44 — TEST THIRTY-THREE 


WoT. 


a. Measure Vo, voltages at Pins 9 and 11. 

b. Close S41. Force Vio to 0.8 V and Vpp to 2.0 V. Apply 
4 clock pulses to Pin 15. Open S1 and decrease Vpp to 
0.8 V. Measure Vo, at Pin 13. 


General 
Test 
Circuit 


t = 20 us 





APPLICATIONS INFORMATION 


Figure 45 specifies a typical application circuit for the 
MC34010 and MC34011. Complete listings of external 
components are provided at the end of this section 
along with nominal component values. 

The hook switch and polarity guard bridge configu- 
ration in Figure 45 is one of several options. If two 
bridges are used, one for the tone ringer and the other 
for speech and dialer circuits, then the hook switch can 
be simplified. Component values should be varied to 
optimize telephone performance parameters for each 


application. The relationships between the application 
circuit components and certain telephone parameters 
are briefly described in the following: 
On-Hook Input Impedance 

R1, C17, and Z3 are the significant components for 


-on-hook impedance. C17 dominates at low frequencies, 


R1 at high frequencies and Z3 provides the non-linearity 
required for 2.5 V and 10 V impedance signature tests. 
C17 must generally be < 1.0 uF to satisfy 5.0 Hz imped- 
ance specifications. 
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Tone Ringer Output Frequencies 

R3 and C13 control the frequency (fg) of a relaxation 
oscillator. Typically fp = (R3C13 + 8.0 us)- 1. The out- 
put tone frequencies are f,/10 and f,/8. The warble rate 
is fp>/640. The tone ringer will operate with fp from 1.0 
kHz to 10 kHz. R3 should be limited to values between 
150 k and 300 k. 


Tone Ringer Input Threshold 

After R1, C17, and Z3 are chosen to satisfy on-hook 
impedance specifications, R2 is chosen for the desired 
ring start threshold. Increasing R2 reduces the ac input 
voltage required to activate the tone ringer output. R2 
should be limited to values between 0.8 k and 2.0 kQ. 


Off-Hook DC Resistance 


R4 conducts the dc line current in excess of the speech | 


and dialer bias current. Increasing R4 increases the in- 
put resistance of the telephone for line currents above 
10 mA. R4 should be selected between 40 2 and 120 2. 


Off-Hook AC Impedance 

The ac input impedance is equal to the receive am- 
plifier load impedance (at RXO) divided by the receive 
amplifier gain (voltage gain from V+ to RXO). Increas- 
ing the impedance of the receiver increases the imped- 
ance of the telephone. Increasing the gain of the receiver 
amplifier decreases the impedance of the telephone. 


DTMF Output Amplitude 


R14 controls the amplitude of the row and column | 


DTMF tones. Decreasing R14 increases the level of tones 
generated at V+. The ratio of the row and column tone 
amplitudes is internally fixed. R14 should be greater 
than 20 2 to avoid excessive current in the DTMF output 
amplifier. | 


Transmit Output Level 

R10 controls the maximum signal amplitude pro- 
duced at V+ by the transmit amplifier. Decreasing R10 
increases the transmit output signal at V+. R10 should 


be greater than 250 © to limit current in the transmit — 


amplifier output. 


Transmit Gain | 7 
The gain from the microphone to the telephone line 


varies directly with R11. Increasing R11 increases the. 


signal applied to R10 and the ac current driven through 
R10 to the telephone line. The closed loop-gain from 
the microphone to the TXO terminal should be greater 
than 10 to prevent transmit amplifier oscillations. 


Note: Adjustments to transmit level and gain are com- 
plicated by the addition of receiver sidetone cur- 
rent to the transmit amplifier output current at 
V+. Normally the sidetone current from the re- 
ceiver will increase the transmit signal (if the cur- 
rent in the receiver is in phase with that in R10). 
Thus the transmit gain and sidetone levels can- 
not be adjusted independently. 
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Receiver Gain 

Feedback resistor R6 adjusts the gain at the receiver 
amplifier. Increasing R6 increases the receiver amplifier 
gain. 


Sidetone Level 

Sidetone reduction is achieved by the cancellation of 
receiver amplifier input signals from R9 and R5. R8, R15, 
and C6 determine the phase of the sidetone balance 
signal in R9. The ac voltage at the junction of R8 and 
R9 should be 180° out of phase with the voltage at V+. 
R9 is selected such that the signal current in RQ is 
slightly greater than that in R5. This insures that the 
sidetone current in the receiver adds to the transmit 
amplifier output current. 


Hook-Switch Click Suppression 

When the telephone is switched to the off-hook con- 
dition C3 charges from 0 volts to a 300 mV bias voltage. 
During this time interval, receiver clicks are suppressed 
by a low impedance at the RM terminal. If this click 
suppression mechanism is desired during a rapid 
succession of hook switch transitions, then C3 must be 
quickly discharged when the telephone is on-hook. R16 
and S3 provide a rapid discharge path for C3 to reset 
the click suppression timer. R16 is selected to limit the 
discharge current in S3 to prevent damage to switch . 
contacts. 


Microprocessor Interface (MC34010 Only) __ 

The six microprocessor interface lines (DP, TO, MS, 
DD, I/O, and CL) can be connected directly to a port, as 
shown in Figure 45. The DP line (Depressed Pushbutton) 
is also connected to an interrupt line to signal the mi- 
croprocessor to begin a read data sequence when stor- 
ing a number into memory. The MC34010 clock speed 
requirement is slow enough (typically 20 kHz) so that 
it is not necessary to divide down the processor's sys- 
tem clock, but rather a port output can be toggled. This 
facilitates synchronizing the clock and data transfer, 
eliminating the need for hardware to generate the clock. 


The DD pin must be maintained at a Logic ‘’0’”’ when 
the microprocessor section is not in use, so as to permit 
normal operation of the keypad. 


~ When the microprocessor interface section is not in 


use, the supply voltage at Pin 12 (A+) may be discon- © 
nected to conserve power. Normally the speech cir- 
cuitry is powered by the voltage supplied at the V+ 
terminal (Pin 34) from the telephone lines. During this 


- time, A+ powers only the active pullups on the three 


microprocessor outputs (DP, MS, and I/O). When the 
telephone is ‘‘on-hook,” and V+ falls below 0.6 volts, 


-power is then supplied to the telephone speech and 


dialer circuitry from A+. Powering the circuit from the 
A+ pin permits communication with a microprocessor, 


_. and/or use of the transmit and receiver amplifiers, while 


the telephone is “‘on-hook.” 


Clo-c 





MC6800 
System 


! 


FIGURE 45 — MC34010/34011 ELECTRONIC TELEPHONE APPLICATION CIRCUIT 








DTMF Pad 
Row-Column Switch Closure Pj 
40 +C16 (0) iezo Sound Element 
2 | — 150 fr 
+ \/ Z3 () 





RS 






Receiver 
300 2 





Si, S2, S3 controlied 
by hook switch; Illustrated 
in “on-hook” 
condition. 


| Control 


| Electret Microphone 


* Pins 9 through 15 are for MC34010 only; corresponding pins on MC34011 should be connected to V—. 





*RX used with 2-Terminal mike only. 
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EXTERNAL COMPONENTS 
(Component Labels Referenced to Figure 45) 


‘Nominal : | 
Capacitors Value Description 


100 pF 
1.0 uF, 3.0 V 
0.1 uF 


0.05 uF 
0.05 uF 


2.2 wF, 3.0 V 
0.01 uF 
0.1 uF 
0.01 uF 


620 pF 
0.1 uF 


4.7 uF, 25 V 
1.0 uF, 10 V 


1.0 uF, 250 Vac 
Non-polarized 





6.8 k 












1.8k 









200 k 
82, 1.0 W 












150 k, 56 k 


















R6 
R8, RO 


200 k 
1.5 k, 30k 












R10 270 


















R11 
R12, R13 


200 k 
4.7 k, 4.7 k 













Ri4 
Ris 
R16 


36 













Rx 





Ceramic Resonator oscillator capacitors. 
Transmit limiter low-pass filter capacitor: controls attack and decay time of transmit peak limiter. 


Transmit amplifier input capacitors: prevent de current flow into TXL pin and attenuates low-frequency 
noise on microphone lead. 


Sidetone network capacitor: provides phase-shift in sidetone path to match that caused by telephone 
line reactance. 


Receiver amplifier input capacitors: prevent dc current flow into RM terminal and attenuates low frequency 
noise on the telephone line. 


VR regulator capacitor: frequency compensates the VR regulator to prevent oscillation. 
Receiver amplifier output capacitor: frequency compensates the receiver amplifier to prevent oscillation. 
DC load filter capacitor: prevents the dc load circuit from attenuating ac signals on V+. 


Telephone line bypass capacitor: terminates telephone line for high frequency signals and prevents 
oscillation in the VR regulator. . 


Tone ringer oscillator capacitor: determines clock frequency for tone and warble frequency synthesizers. 


DTMF output feedback capacitor: ac couples feedback around the DTMF output amplifier which reduces 
output impedance. 


| Tone ringer input capacitor: filters the rectified tone ringer input signal to smooth the supply potential for 


oscillator and output buffer. 


Tone ringer filter capacitor: integrates the voltage from current sense resistor R2 at the input of the 
threshold detector. 


Tone ringer line capacitor: ac couples the tone ringer to the telephone line; partially controls the on-hook 
input impedance of telephone. 





Nominal 
Value Description 


Tone ringer input resistor: limits current into the tone ringer from transients on the telephone line and 
partially controls the on-hook impedance of the telephone. 


Tone ringer current sense resistor: produces a voltage at the input of the threshold detector in proportion 
to the tone ringer input current. 


Tone ringer oscillator resistor: determines the clock frequency for tone and warble frequency synthesizers. 


DC load resistor: conducts ali de line current in excess of the current required for speech or dialing 
circuits; controls the off-hook dc resistance of the telephone. 


Receiver amplifier input resistors: couple ac input signals from the telephone line to the receiver eee 
signal in R5 subtracts from that in RQ to reduce sidetone in receiver. 


Receiver amplifier feedback resistor: controls the gain of the receiver amplifier. 


Sidetone network resistors: drive receiver amplifier input with the inverted output signal from the trans- 
mitter; phase of signal in R9 should be opposite that in R5. 


Transmit amplifier load resistor: converts output voltage of transmit amplifier into a current that drives 
the telephone line; controls the maximum transmit level. 


Transmit amplifier feedback resistor: controls the gain of the transmit amplifier. 


Transmit amplifier input resistors: couple signal from microphone to transmit amplifier; control the dynamic 
range of the transmit peak limiter. 


DTMF calibration resistor: controls the output amplitude of the OTMF dialer. 
Sidetone network resistor (optional): reduces phase shift in sidetone network at high frequencies. 


Hook switch click suppression current limit resistor (optional): limits current when S3 discharges C3 after 
switching to the on-hook condition. 


Microphone bias resistor: sources current from VR to power a 2-terminal.electret microphone; Rx is not 
used with 3-terminal microphones. 
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EXTERNAL COMPONENTS (continued) 


B1 = MDA101A, or equivalent, 2 Terminal, Primo EM-95 (Use Rx) Primo Model DH-34 (300 2) or equivalent 
or 4-1N4005 or equivalent 

T1 = 2N4126 or equivalent 3 Terminal, Primo 07A181P (Remove Rx) 

Z1 = 18 V, 1.5 W, 1N5931A or equivalent 

Z2 = 30 V, 1.5 W, 1N5936A 

Z3 = 4.7 V, 1/2 W, 1N750 

XR — CRM 500A Toko Resonators 
or equivalent 

Piezo — PBL 5030BC Toko Buzzer 

or equivalent 
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| e34012-1 
(AA) MOTOROLA Mc34012-2 
ae MC34012-3 


Advance Information 
TELEPHONE 


TELEPHONE TONE RINGER | TONE RINGER 


Complete Telephone Bell Replacement Circuit with Minimum 
External Components BIPOLAR LINEAR /I2L 


On-Chip Diode Bridge and Transient Protection 





Direct Drive for Piezoelectric Transducers 


Base Frequency Options—MC34012-1: 1.0kHz 
MC34012-2: 2.0kHz 
MC34012-3: 500 Hz 


Input Impedance Signature Meets Bell and EIA Standards 
Rejects Rotary Dial Transients 


PLASTIC PACKAGE 
CASE 626 


APPLICATION CIRCUIT 


Piezo Sound | 
Element 


MC34012-1: C = 1000 pF 
MC34012-2: C= 500 pF 
MC34012-3: C = 2000 pF 





This document contains information on a new product. Specifications and information herein 
are subject to change without notice. 
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APPLICATION CIRCUIT PERFORMANCE 



















Output Tone Frequencies 












MC34012-1 832/1040 
MC34012-2 1664/2080 
MC34012-3 416/520 





Warble Frequency 13 


Output Voltage 20 


| Output Duty Cycle 50 





Ringing Start Input Voltage (20 Hz) 





Maximum ac Input Voltage (< 68 Hz) 


Impedance When Ringing 
Vi =40 Vems: 15 Hz 
Vi = 130 Vrms: 23 Hz 


Impedance When Not Ringing 
V| = 10 Vrms. 24 Hz 
V| =2.5 Vrms. 24 Hz 
Vi = 10 Vrms: 5.0 Hz 
Vi = 3.0 Vrms, 200-3200 Hz 


Maximum Transient Input Voltage 
(T < 2.0 ms) 















PIN DESCRIPTIONS 


Description 


The input terminals to the full-wave diode bridge. The ac ringing signal from the telephone line 
energizes the ringer through this bridge. 


The positive output of diode bridge to which an external current sense resistor is connected. 
The positive supply terminal! for the oscillator, frequency divider and output buffer circuits. 


The terminal for the filter capacitor used in detection of ringing input signals. 


The tone ringer output terminal through which the sound element is driven. 


The negative output of the diode bridge and the negative supply terminal of the tone generating 
circuitry. 


The oscillator terminal for the external resistor and capacitor which control the tone ringer 
frequencies. 
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ELECTRICAL CHARACTERISTICS (Ta = 25°C) 















Ringing Start Voltage 
(VStart = Vi @ Ring Start) 
Vji>0 
V<0 
Ringing Stop Voitage 
(Vstop = Vi @ Ring Stop) 
MC34012-1 
MC34012-2 
MC34012-3 
Output Frequencies (Vj = 50 V) 
~MC34012-1 High Tone 
Low Tone 
Warble Tone 
MC34012-2 High Tone 
Low Tone 
Warble Tone 
MC34012-3 High Tone 
Low Tone 
Warble Tone 


Output Voltage (Vj = 60 V) a EW a 
Output Short-Circuit Current | 2 a ee ee 


Input Diode Voltages Vb | 6.1 Vde 
(ly = 1.0 mA) : = : : 
Input Voltage—SCR Off Voff 37 | 47 Vde 
(ly = 30 mA) 
Input Voltage—SCR On. 
(ly = 100 mA) 
Threshold Filter Resistance 
Rpg = 2.0 V/Ipe 













VSstart(*+) 
Vstart(-) 
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MC34012-1, MC34012-2, MC34012-3 


CIRCUIT DESCRIPTION 


The MC34012 Tone Ringer derives its power supply by 
rectifying the ac ringing signal. It uses this power to 
activate a tone generator and drive a piezo-ceramic 
transducer. The tone generation circuitry includes a 
relaxation oscillator and frequency dividers which 
produce high and low frequency tones as well as the 
tone warble frequency. The relaxation oscillator fre- 
quency fg is set by resistor R2 and capacitor C2 
connected to pin RC. The oscillator will operate with fo 
from 1.0 kHz to 10 kHz with the proper choice of external 
components (See Figure 1). 

The frequency of the tone ringer output signal at pin 
RO alternates between f,/4 to fo/5. The warble rate at 
which the frequency changes is f9/320 for the 
MC34012-1, fo/640 for the MC34012-2, or fo/160 for 
the MC34012-3. With a 4.0 kHz oscillator frequency, the 
MC34012-1 produces 800 Hz and 1000 Hz tones with a 
12.5 Hz warble rate. The MC34012-2 generates 1600 Hz 
and 2000 Hz tones with a similar 12.5 Hz warble 
frequency from an 8.0 Hz oscillator frequency. The 
MC34012-3 will produce 400 Hz and 500 Hz tones with 
a 12.5 Hz warble rate from a 2.0 kHz oscillator frequency. 
The tone ringer output circuit can source or sink 20 mA 
with an output voltage swing of 20 volts peak-to-peak. 
Volume control is readily implemented by adding a 
variable resistance in series with the piezo transducer. 

Input signal detection circuitry activates the tone 
ringer output when the ac line voltage exceeds 
programmed threshold level. Resistor R3 determines the 
ringing signal amplitude at which an output signal will 
be generated at RO. The ac ringing signal is rectified by 
the internal diode bridge. The rectified input signal 


FIGURE 1 — OSCILLATOR PERIOD (1/f,) versus 
OSCILLATOR R2 C2 PRODUCT 





produces a current through R3 which is input at terminal 
RI. The voltage across resistor R3 is filtered by capacitor 
C3 at the input to the threshold circuit. When the voltage 
on Capacitor C3 exceeds 1.7 volts, the threshold com- 
parator enables the tone ringer output. Line transients 
produced by pulse dialing telephones do not charge 
capacitor C3 sufficiently to activate the tone ringer 
output. 

Capacitors C1 and C4 and resistor R1 determine the 
10 volt, 24 Hz signature test impedance. C4 also provides 
filtering for the output stage power supply to prevent 
droop in the square wave output signal. Six diodes in 
series with the rectifying bridge provide the necessary 
non-linearity for the 2.5 volt, 24 Hz signature tests. 

An internal shunt voltage regulator between the RI 
and RG terminals provides dc voltage to power output 
stage, oscillator, and frequency dividers. The dc voltage 
at RI is limited to approximately 22 volts in regulation. To 
protect the IC from telephone line transients, an SCR is 
triggered when the regulator current exceeds 50 mA. 
The SCR diverts current from the shunt regulator and 
reduces the power dissipation within the IC. 


EXTERNAL COMPONENTS 


Line input resistor. R1 controls the tone 
ringer input impedance. It also influences 
ringing threshold voltage and limits current 
from line transients. 

(Range: 2.0 kf to 10 kN). 


Line input capacitor. C1 ac couples the tone 
ringer to the telephone line and controls 
ringer input impedance at low frequencies. 


(Range: 0.4 uF to 2.0 uF). 

Oscillator resistor. 

(Range: 150 k/O to 300 kN). 
C2 Oscillator capacitor. 

(Range: 400 pF to 2000 pF). 


Input current sense resistor. R3 controls the 
ringing threshold voltage. Increasing R3 
decreases the ring-start voitage. 

(Range: 0.8 kf to 2.0 kf). 


Ringing threshold filter capacitor. C3 filters the 
ac voltage across R3 at the input of the ringing 
threshoid comparator. It also provides dialer 
transient rejection. 

(Range: 0.5 uF to §.0 pF). 


500 Ringer supply capacitor. C4 filters supply 
R2C2 (us) voltage for the tone generating circuits. it also 
provides an ac current path for the 10 Vems 
ringer signature impedance. 





(Range: 1.0 uF to 10 uF). 








MC34012-1, MC34012-2, MC34012-3 


FIGURE 2 — TEST ONE 





MC34012-1: C = 1000 pF* 
MC34012-2: C= 500 pF* 
_MC34012-3: C = 1000 pF* 


0.047 uF 
Vo 


$1 


. Increase V; from +30 volts while monitoring 
(Normally open) . 


Vo. VStart(t) equals Vj when Vo commences 

0.1 uF switching. 

< . Decrease V from -30 volts while monitoring 

51k Vo. VStart(-) equals Vj when Vo commences 
switching. 

. Decrease V; from +40 voits while monitoring 
Vo. VStop equals V; when Vo ceases 
switching. 

. Set Vj to +50 volts. Close S1. Measure 

_ frequencies fy, fl, and fw. 


1 
2 
3 
4 
5 
6 
7 
8. 


IC1—MC14011B 

- 1C2—MC14538B 

- Vpp = 12V | 
, . MC34012-1: R=110k0* 
*Indicates 1% tolerance MC34012-2: R= 55kQ* 
(5% otherwise) | MC34012-3: R=110k0* 
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MC34012-1, MC34012-2, MC34012-3 


FIGURE 3 — TEST TWO 


12V 

(a 
10V 

\| — 


MC34012-1: C = 1000 pF* 
MC34012-2: C = 500 pF* 
MC34012-3: C = 1000 pF* 





FIGURE 4 — TEST THREE 





MC34012-1: C = 1000 pF* 
MC34012-2: C= 500 pF* 
MC34012-3: C = 1000 pF* 
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With Vrc = 3.5 volts, close $1. Measure the 
current at Pin 4 (l¢Q4). Repeatediy switch Vac 
between 3.5 volts and 0 volts until Pin 4 current 
changes polarity. Measure this opposite polarity 
current (iQ). 

Calculate: 


lo=lio11 +! toa! 


*Indicates 1% tolerance (5% otherwise) 


Measure voitage at Pin 2. 


*Indicates 1% tolerance (5% otherwise) 





MC34012-1, MC34012-2, MC34012-3 


FIGURE 5 — TEST FOUR 


a. Set |j to 30 mA. Measure voltage at Pin 2 
(Voffl- 
b. Set lj to 100 mA. Measure voltage at Pin 2 
0.01 wF (Von). ; 





1.8 k* 


MC34012-1: C = 1000 pF* 
MC34012-2: C= 500 pF* 
MC34012-3: C = 1000 pF* 


*Indicates 1% tolerance (5% otherwise) 





FIGURE 6 — TEST FIVE 


Measure current into Pin 7 (Ipf). 
Calculate: 


Ref = 2 volts + Ing 


MC34012-1: C = 1000 pF* 
MC34012-2: C= 500 pF* 
MC34012-3: C = 1000 pF* 
*Indicates 1% tolerance (5% otherwise) 
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MC34012-1, MC34012-2, MC34012-3 


FIGURE 7 — TEST SIX 





: C= 500 pF* 
: C = 1000 pF* 


— MC34012-1: C = 1000 pF* 
| MC34012-2 


MC34012-3 
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With Vrc = 3.5 volts, close $1. Set Vj to 50 
volts. Measure dc voltage at Pin 4 (Vo}). 
Repeatedly change Vrc between 3.5 volts and 


0 volts until Pin 4 changes state. Measure the 
new voltage at Pin 4 (V9). 


Calculate the peak-to-peak output voltage: 


VOp-p =| Vo2 -Vo1| 


*Indicates 1% tolerance (5% otherwise) 








(AA) MOTOROLA | MC34013 


SPEECH NETWORK 
AND _ 
TONE DIALER 
TELEPHONE SPEECH NETWORK AND TONE DIALER 


a ts BIPOLAR LINEAR/I2L 
Linear/I2L Technology Provides Low 1.4 Volt Operation in Both 


Speech and Dialing Modes 


Speech Network Provides 2-4 Wire Conversion with Adjustable 
Sidetone Utilizing an Electret Microphone 

DTMF Generator Uses Low-Cost Ceramic Resonator with Ac- 
curate Frequency Synthesis Technique 


On-Chip Regulator insures Stable Operation Over Wide Range 
of Loop Lengths 


Dialer Mutes Speech Network with Internal Delay for Click 
Suppression on DTMF Key Release 





P SUFFIX 
PLASTIC PACKAGE 
CASE 710-02 











FIGURE 1 — FUNCTIONAL BLOCK DIAGRAM 











Ceramic 
Resonator 


MC34013 






Voltage 
Regulator 






Speech 
| Network | 
Electret a ® 
Microphone Receiver 





This document contains information on a new product. Specifications and information herein 
_are subject to change without notice. 
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MAXIMUM RATINGS (Voltage References to V—) PIN CONNECTIONS 


R1i—R4 Terminal Current (Pins 1—4) 








FB 
LC 
V+ 
BP 
LR 
V- 
VR 


C1-C4 (Pins 5-8) 


Operating Ambient Temperature Range —20 to +60 






GENERAL CIRCUIT DESCRIPTION 


The MC34013 Electronic Speech Network and Tone 
Dialer provides a frequency synthesizer for DTMF di- 
aling, analog amplifiers for speech transmission and a 
dc line interface circuit that terminates the telephone 
line. When mated with the MC34012 Tone Ringer, a 
complete tone dialing telephone can be produced with 
just two ICs. 

Low voltage operation is a necessity for telephones 
in networks where parallel telephone connections are 
common. An electronic speech network operating in 
parallel with a conventional telephone may receive line 
voltages below 2.5 volts. DTMF dialers operate at sim- 
itarly low-line voltages when signaling through battery 
powered station carrier equipment. These low voltage 
requirements have been addressed by realizing the 
MC34013 in a bipolar/l2L technology with appropriate 
circuit techniques. The resulting speech and dialer cir- 
cuits maintain specified performance with instanta- 
neous input voltage as low as 1.4 volts. 


Line Voltage Regulator 

The dc line interface circuit (Figure 2) determines the 
dc input characteristic of the telephone. At low input 
voltages (less than 3 volts) the IC draws only the speech 


FIGURE 2 — DC LINE INTERFACE BLOCK DIAGRAM 


ee 






Voltage 







Dummy Load 






From Dialer 


Line Voltage, Excluding 
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Storage Temperature Range — 65 to’ + 150 


| Unit 





CAL 
RXO 
RXI 
RM 
STA 
TXO 
TXl 





{ 
2 
3 
4 
5 
6 
7 
8 
9 





and dialer bias currents through the VR regulator. As 
input voltage increases, Q1 conducts the excess dc line 
current through resistor R12. The 1.5 volt level shift 
prevents saturation of Q2 with telephone line signals 
up to 2.0 volts peak (+5.2 dBm). A constant current 
(dummy load) is switched off when the DTMF dialer is 
activated to reduce line current transients. Figure 3 il- 
lustrates the dc voltage/current characteristic of an 
MC34013 telephone. 


Speech Network 

The speech network (Figure 4) provides the two-to- 
four wire interface between the telephone line and the 
instrument's transmitter and receiver. An electret mi- 
crophone biased from VR drives the transmit amplifier. 
For very loud talkers, the peak limiter circuit reduces 
the transmit input level to maintain low distortion. The 
transmit amplifier output signal is inverted at the STA 
terminal and driven through an external R-C network 
to control the receiver sidetone level. The switched ac 
resistance at the RM terminal reduces receiver signal 


FIGURE 3 — DC V-I CHARACTERISTIC 


7.0 
6.0 ay 
2) Al 
£ 5.0 
ae Speech Mode 
® AV 
xe) 4.0 Al = R12 
ea) 
3 3.0 
fa) 20 DTMF Operable 
Mode 
ELIZ 
10ZEA Inoperable GH 
es 
gJ JJ cd LZ d 4 g “. 
10 20 30 40 50 60 120 


Line Current (mA) 
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GENERAL CIRCUIT DESCRIPTION (continued) 


FIGURE 4 — SPEECH NETWORK BLOCK DIAGRAM 
































l 
| | 
| OD 
, Transmit | 
| Sidetone Amplifier 
Inverter 1. 
| roc 
Telephone ters R2 | Telephone | 
Line C7 ce | | C4 Handset | 
RM | Peak O ) 
: Limiter C5 ! 
| 
C8 3 Rs | JaGC C34 | 
V i | 
R10 V/ | From ° Oo “~ +5 | 
| Dialer MIC | 
8 RXI | Mute ; Electret 
O Control | Microphone l 
| Receiver < MM l 
i Oe ae C10 ad | 
EXO: Ne —Irxo | L_Receiver_) 
VV 


when dialing and suppresses clicks due to hook or key- 
_pad switch transitions. When transmitting, audio signal 
currents (iTxo and iRxQ) flow through the voltage reg- 
ulator pass transistor (T1) to drive the telephone line. 
This feature has two consequences: 1) In the transmit- 
ting mode the receiver sidetone current iRxo contrib- 
utes to the total signal on the line along with itxo; 
2) The ac impedance of the telephone is determined by 
the receiver impedance and the voltage gain from the - 
line to the receiver amplifier output. . 


DTMF Dialer 

Keypad interface comparators activate the DTMF row 
and column tone generators (Figure 5) when a row and 
column input are connected through a SPST keypad. 
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The keypad interface is designed to function with con- 
tact resistances up to 1.0 kQ. and leakage resistances as 
low as 150 kf. Single tones may be initiated by de- 
pressing two keys in the same row or column. 

The programmable counters employ a novel design 
to produce non-integer frequency ratios. The various 
DTMF tones are synthesized with frequency division 
errors less than +0.16% (Table 1). Consequently an in- 
expensive ceramic resonator can be used instead of a 
quartz crystal as the DTMF frequency reference. Total 
frequency error less than +0.8% can be achieved with 
+0.3% ceramic resonator. The row and column D/A 
converters produce 16-step approximations of sinu- 
soidal waveforms. Feedback through terminal FB re- 
duces the DTMF output impedance to approximately 
2.0 kQ. to satisfy return loss specifications. 


MC34013 


FIGURE 5 — DTMF DIALER BLOCK DIAGRAM 


oom cme ee rere meme mre rm mm ers ee eee eer wre eee em ee, 





4 
| 
| 
Column : 
Counter 8) 1 FB 
& O 
o— Keypad Encoder |“ | Column I vaaR O13 
Comparators and O 
h Tz a fats — & Logic Row | Telephone 
4156 |B | dark D/A | Line 
tates | Counter -S CAL 
—+-—4— R4 | Ss & | 
|* [0 [# [D| Encoder : R11 
Keypad | 
| 1 V 
| Mute Signal to | 
: Speech Network | 
| Column Counter | 
| 
| Row Counter | 
| | 
| | 
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DTMF Tone Output 
Standard Frequency with % Deviation 
500 kHz Oscillator | from Standard 


Row 1 
Row 2 
Row 3 
Row 4 


Column 1 
Column 2 
Column 3 
Column 4 





ELECTRICAL CHARACTERISTICS (Ta = 25°C) 
LINE VOLTAGE REGULATOR 










Voltage neguies Output 1.0 fe ho. i Volts 


a 
Change in or with Change n¥+ Yotage __{_2e 1 _siot_{|_—_{_08 


V+ Current in Speech Mode 
1b 3.5 5.0 7.0 
ca aa Oe 0 are oa 






















V+ =1.7V 
V+ =50V 
‘Speech to DTMF Mode Current Difference | AltR | Leo”, 0 
LR Level Shift AVLR 
pee eu ee 4a 2.5 2.9 
= 18V, LR = 110 mA 4b 2.8 ae 
Load Regulation a aa ee OD 
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ELECTRICAL CHARACTERISTICS (continued) 
KEYPAD INTERFACE CIRCUIT 


Test 
Characteristic Method Symbol 
Row Input Pullup Resistance RRm 
mth Row Terminal: m = 1,2,3,4 











Column Input Pulldown Resistance 
nth Column Terminal: n = 1,2,3,4 
Ratio of Row-to-Column Input Resistances Km,n 0.88 
_ RRm, m= 1,2,3,4 | 
Kmn = Ron n= 1,2,3,4 | 
_[ Row Terminal Open Circuit Voltage soe oe | 280 | 380 | ef seo five 
Row Threshold Voltage for mth 0.70 VRoc 
Row Terminal: m = 1,2,3,4 
Column Threshold Voltage for nth 0.39 Vroc 
Column Terminal: n = 1,2,3,4 


DTMF GENERATOR 


Row Tone Frequency . 11a, 11b 
Column Tone Frequency Column 4 11¢, 11d 

Column 2 

Column 3 . 

Column 4 











ee a erie ae ae a 
snore teste “Wt Weg] 0 tag [tat Ve 


Column Tone Pre-emphasis 
DTMF Distortion 


DTMF Output Resistance 


SPEECH NETWORK 


















MIC Terminal Saturation vel 


nic remEMRE NR ee 
| MM Terminal Input Resistance |S 15D | SRM | 80 |S 100 |_—170 ko 
= aeinenas oca aoe ora a 
|TXi Terminal Input Bias Current =| teb | txt =| | 80 
TXO Terminal Positive Swing | 25 | | 60 | mVde 
| Transmit coll alla Closed-Loop Gain | iva | Gtx | tes | tf fll 
| Sidetone Amplifier Gain || Gta | 01 | os | oss | 
|STA Terminal Output Current =| 8 | Ista | 80 | t00 S| 50 | A 
|RXOTerminalBias =| 8 | Bx | 0s | sz | ez | 
[BXITerminal input Bias Current ft Tax | = ||| 
| 1g 
| tad | 












Timon =| 100 va 
[xo Termine Negative Swing ee a 
| eeeinstor ate oe are do 
[TxL Terminal ON Resistance ——~S~S~dCTtt Rast | — | 20 | 100 | 
Pe Terminal OFF Renee | [Raloff hf af 
[RM Terminel ON Resistance ———~SS~*~dtCTCt | Rion | ato | 50 | 0 | 
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PIN DESCRIPTION 


(See Figure 28 for external component identifications.) 


Pn [ Besaon 


Keypad inputs for Rows 1 through 4. When open, internal 8.0 k) resistors pull up the row inputs to a 
regulated (~0.5 volt) supply. In normal operation, a row and a column input are connected through a 
SPST switch by the telephone keypad. Row inputs can also be activated by a Logic ‘‘0’’ (<250 mV) from 
a microprocessor port. 


Keypad inputs for Columns 1 through 4. When open, internal 8.0 kQ. resistors pull down the column 
inputs to V—.|In normal operation, connecting any column input to any row input produces the respective 
row and coiumn DTMF tones. in addition to being connected to a row input, column inputs can be 
activated by a Logic ‘1” (>250 mV and <1.0 volt). 


CR1, CR2 Ceramic Resonator oscillator input and feedback terminals, respectively. The DTMF dialer is intended 
to operate with a 500 kHz ceramic resonator from which row and column tones are synthesized. 


Amplitude CALibration terminal for DTMF dialer. Resistor R11 from the CAL pin to V- controls the DTMF 








output signal level at Tip and Ring. 


FB FeedBack terminal for DTMF output. Capacitor C13 connected from FB to V+ provides ac feedback to 
reduce the output impedance to Tip and Ring when tone dialing. 











Voltage Regulator output terminal. VR is the output of a 1.1 volt voltage regulator which supplies power 
to the speech network amplifiers and DTMF generator during signaling. To improve regulator efficiency 
at low line current conditions, an external PNP pass-transistor T1 is used in the regulator circuit. Capacitor 
C9 frequency compensates the VR regulator to prevent oscillation. 
















Base of a PNP Pass-transistor. Under long-loop conditions where low line voltages would cause VR to 
fall below 1.1 volts, BP drives the PNP transistor T1 into saturation, thereby minimizing the voltage drop 
across the pass transistor. At line voltages which maintain VR above 1.1 volts, BP biases T1 in the linear 
region thereby regulating the VR voltage. Transistor T1 also couples the ac speech signals from the 
transmit amplifier to Tip and Ring at V+. 





The more positive input to the regulator, speech, and DTMF sections connected to Tip and Ring through 
the polarity guard diode bridge. 


The dc common (more negative input) connected to Tip and Ring through the polarity guard bridge. 








DC Load Resistor. Resistor R12 froni LR to V— determines the dc input resistance at Tip and Ring. This 
resistor is external not only to enable programming the dc resistance but also to avoid high on-chip 
power dissipation with short telephune lines. It acts as a shunt load conducting the excess dc line current. 
At low line voltages (<3.0 volts), no current flows through LR. 


27 LC DC Load Capacitor. Capacitor C11 from LC to V— forms a low-pass filter which prevents the resistor at 
LR from loading ac speech and DTMF signals. 


MiCrophone negative supply terminal. The dc current from the electret microphone is returned to V— 
through the MIC terminal which is connected to the collector of an on-chip NPN transistor. The base of 
this transistor is controlled either internally by the mute signal from the DTMF generator, or externally 
by the logic input pin MM. 























Microphone Mute. The MM pin provides a means to mute the microphone in response to a digital control 
signal. When this pin is connected to a Logic ‘1’ (>2.0 V) the microphone dc return path through the 
MIC terminal is disabled. 


12 





Transmit amplifier Input. TXI is the input to the transmit amplifier from an electret microphone. AC 
coupling capacitors allow the dc offset at TXI to be maintained approximately 0.6 V above V — by feedback 
through resistor R3 from TXO. 





Transmit Input Limiter. An internal variable resistance element at the TXL terminal controls the transmitter 
input level to prevent clipping with high signal levels. Coupling capacitors C4 and C5 prevent dc current 
flow through TXL. The dynamic range of the transmit peak limiter is controlled by resistors R1 and R2. 


Transmit Amplifier Output. The transmit amplifier output drives ac current through the voltage regulator 
pass-transistor T1 via resistor R4. The dc bias voltage at TXO is typically 0.6 volts above V —. The transmit 
amplifier gain is controlled by the R3/(R1 + R2) ratio. 
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PIN DESCRIPTION (continued) 


[Pin | Designation | 


1. AGC Automatic Gain Control low-pass filter terminal. Capacitor C3 connected between-AGC and VR sets the 
attack and decay time of the transmit limiter circuit. This capacitor also aids in reducing clicks in the 
receiver due to hook-switch transients and DTMF on/off transients. In conjunction with internal resistors, 
C3 (1.0 uF) forms a timer which mutes the receiver amplifier for approximately 20 milliseconds after the 
user goes off-hook or releases a DTMF Key. 


























Receiver Amplifier Output. This terminal is connected to the open-collector NPN output transistor of the 
receiver amplifier. DC bias current for the output device is sourced through the receiver from VR. The 
bias voltage at RXO is typically 0.6 volts above the V —. Capacitor C10 from RXO to VR provides frequency 
compensation for the receiver amplifier. 






Receiver Amplifier Input. RXI is the input terminal of the receiver amplifier which is driven by ac signals 
from V+ and STA. Input coupling capacitor C8 allows RX! to be biased approximately 0.6 volts above 
the V— via feedback resistor RY. 







Receiver Amplifier Mute. A switched resistance at the RM terminal attenuates the receiver amplifier 
input signal produced by DTMF dialing tones at V+. RM also mutes clicks at the receiver which result 
from keypad or hook switch transitions. The ac resistance at RM is typically 540 1 in the mute mode and 
200 kf. otherwise. Coupling capacitors C7 and C8 prevent dc current flow through RM. 








SideTone Amplifier output. STA is the output of the sidetone inverter amplifier whose input is driven 
by the transmit signal at TXO. The inverted transmit signal from STA subtracts from the receiver amplifier 
input current from V+, thus reducing the receiver sidetone level. Since the transmitted signal at V+ is 
phase shifted with respect to TXO by the reactive impedance of the phone line, the signal from STA 
| must be similarly phase-shifted in order to provide adequate sidetone reduction. This phase relationship 

. between the transmit signal at TXO and the sidetone cancellation signal from STA is controlled by R5, 
R6, and C6. 


FIGURE 6 — GENERAL TEST CIRCUIT 





0.047 
2N4126 T 


100 pF ih snc | 
ci 100 pF 
"ops 
ic e 


O O TXAC 
Notes: 0.01 
1. *Selected ceramic resonator: 500 kHz +0.2 kHz. ci 
' 2. Capacitances in uF unless noted. 


3. All resistances in ohms. 
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FIGURE 7 — TEST ONE FIGURE 8 — TEST TWO 








General 
Test 
Circuit 







General 
Test 


Circuit 













a. Measure VR with Vs = 1.7 V a. Measure Ipt with Vs = 11.5 V 
b. Measure Isp with Vg = 1.7 V b. Measure IpT with Vs = 26 V. Calculate 
c. Measure Isp with Vg = 5.0 V AlpT = lot | > IDE 

. 26 V 11.5V 


FIGURE 9 — TEST THREE FIGURE 10 — TEST FOUR 


General General 


Test Test 
Circuit Circuit 


With S; open measure ITR. Close S41 and again measure a. Set Vg = 5.0 Vand ILR = 10 mA. Measure ViR. © 
ITR. Calculate: Calculate AVLR = Vs —- VLR 


AITR = 'TR | a IrR| é b. Repeat Test 4a with Vg = 18 Vand ILR = 110 mA 
1 1 


Closed Open 
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FIGURE 11 — TEST FIVE 


General 
Test 
Circuit 


With S1 open measure Vic. 
Close Sj and measure Itc. | 
Calculate: . = 
5.0 - VLC 


Ric = ic 


FIGURE 13 — TEST SEVEN 


General 
Test 
Circuit 


Subscript m corresponds to row number. 


a. Set S; to Terminal 2 and measure voltage at Terminal 1 
(VROC). 


b. Set S1 to Terminal 1 (m = 1) and measure ipj. Calculate: 


RR1.= VROC = !rR1 
c,d,e. Repeat Test 7b for m = 2,3,4. 
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FIGURE 12 — TEST SIX 


Generai 
Test 
Circuit 


Set Igp = 0.0 uA and measure Vr. 
Set [pp = 150 wA and measure Vr. Calculate: 
AVR = VR | - VR 
0.0 uA 150 pA 


FIGURE 14 — TEST EIGHT 


General 
Test 
Circuit 


Subscript n corresponds to column number. 


a. Set S; to Terminal 5 (n = 1) and measure Ic. Calculate: 
Rc1 = 1.0V = Ic} . 
b,c,d. Repeat Test 8a for n = 2,3,4. 
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FIGURE 15 — TEST NINE =IGURE 16 — TEST TEN 


















General 
Test 
Circuit 


General 
Test 
Circuit 








m corresponds to row number. n corresponds to column number. 

a. Set S; to Terminal 1 (m = 1) with V1 = 1.0 Vdc. Verify a. Set S; to Terminal 5 (n = 1) with V1 = 0 Vdc. Verify 
Vaic is Low (Vmic < 0.3 Vdc). Decrease Vj to 0.70 Vroc Vaic is low (Vic < 0.3 Vdc). Increase V1 to 0.39 VRoc 
and verify Vic switches high. (Viyic > 0.5 Vde). Vroc and verify Vic switches high, (Vayic > 0.5 Vdc). Vroc 
is obtained from Test 7a. is obtained from Test 7a. 

b,c,d. Repeat Test 9a for rows 2,3, and 4. (m = 2,3,4) b,c,d. Repeat Test 10a for columns 2,3,'and 4. (n = 2,3,4) 


FIGURE 17 — TEST ELEVEN 


. With Vz = 0.0 V set S1 to Terminal 1 (m = 1) and 
measure frequency of tone at V+. 


General Repeat Test 11a for rows 2,3 and 4. (m = 2,3,4). 


Test . With V1 = 1.0 V set Sq to Terminal 5. (n = 1) and 
Circuit measure frequency of tone at V+. 


d. Repeat Test for columns 2,3, and 4. (n = 2,3,4). 


e. Set S; to Terminal 4 and V1 = 0.0 V. Measure row tone 


amplitude at V+ (VRQw). 
Set S; to Terminal 8 and V1 =. 1.0 V. Measure column 
tone amplitude at V+. (VcoL). 

. Using results of Tests 11e and 11f, calculate: 


VCOL 
m corresponds to row number. dBcr = 20 logio Vow 
n corresponds to column number. 
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FIGURE 19 — TEST THIRTEEN 





FIGURE 18 — TEST TWELVE 





General 
Test 
Circuit 


General 
Test 
Circuit 












10 kHz Single 
Pole LPF 







Note: The notch filters must have 50 dB attenuation at their 
respective center frequencies. 







Measure Ig at Vj = 18V and Vy = 2.8 V. 
Calculate: | 


Measure V+ and Vj with a true rms voltmeter. Calculate: Ro = 1.0V [is - is| | 
28V ‘1.8V 


V4(rms) 


9 = ooo 
% DIS V+(rms) x 
















FIGURE 20 — TEST FOURTEEN FIGURE 21 — TEST FIFTEEN 


' General 
Test 
Circuit 


General 
Test 
Circuit 


IMic 13 


+) + 
ree oo 





a. Set Vi = 2.0 V and measure IMIc. 


b. Set V; = 5.0 V and measure Im. 


Measure VMIC 
Calculate: Rum = 5.0V = IMM 
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FIGURE 22 — TEST SIXTEEN 





General 
Test VrxX 


Circuit ova 
} 
| 


a. With S1 open, measure VTxo. Using Vp obtained in Test 
1 Calculate: Brxo = VTxo + VR 

b. With S1 open, measure VTxo and VT x). Calculate: 
Itxt = (VTxO — VTx}) + 200 ko 


c. Close S; and set! = -—10 uA. Measure Vrxo. Calculate: 
VTxo(+) = VR - VTxo where Vp is obtained from 
Test 1. 


d. Close S; and set! = +10 uA. Measure VTxo. 
VtTxol—) = VTxo. 


FIGURE 24 — TEST EIGHTEEN 


General 
Test 
Circuit 


Measure IsTa. 
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FIGURE 23 — TEST SEVENTEEN 


General 
Test 
Circuit 


a. Set the generator for vj = 3.0 mMVrms. Measure ac 
voltage VTxo. Calculate: 
GTX = “1x0 
. i 
b. Measure ac voitage VsTa. Using Vrxo from Test 17a 
calculate: 


V 
GSTA = eae 


FIGURE 25 — NINETEEN 






General 
Test 
Circuit 


. With S1 open, measure Vrxoc. Using VR obtained in Test 


1, calculate: BRxo = VRxO = VR. 


. With S; open, measure Vpaxo and VRx|. Calculate: 


IRx! = (VRxO — VRx1) + 100 kO 


. Close S; and set! = —.10 uA. Measure V_xo. Using VR 


obtained in Test 1, calculate: V—xo (+) = VR - VRxo. 


. Close S; and set | = +10 uA and measure VRxo. 


VRxol-) = VRxo- 













MC34013 


FIGURE 26 — TEST TWENTY FIGURE 27 — TEST TWENTY-ONE 


General © General . 
Test : ‘Test 


Circuit Circuit 


. With $2 open and Sj in position 
A measure IRM. 


a. Set S1 to position A with So open. Measure ITX,. | Calculate: RR(OFF) =0.4 V = IRM 


Calculate: RTx_ (OFF) = 0.4 V = ITXL. . Close S2 and switch Sq to position B. Measure ac 


b. Set S1 to position B and close Sz. Measure ac voltages vj voltages vj and Vray. 
and VT x. Calculate: | | Calculate: 


_ —VRM _ 
RTXL (ON) = —YTXL_ x 5.1 kN RRmiON) x i kQ 


vyi-V 
vi- VTXL ae 


FIGURE 28 — APPLICATION CIRCUIT 
DTMF Pad Bi. 
Row-Column Switch Closure 


Electret MIC. 


< Switches $1 and © 
S2 are controlled 
by hook switch. 
R13 a INustrated in “off-hook”’ 
condition 


*RX used with 2-terminal mike only. 
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APPLICATIONS INFORMATION 


Figure 28 specifies a typical application circuit for the 
MC34013. Complete listings of external components are 
provided at the end of this section along with nominal 
component values. Component values should be varied 
to optimize telephone performance parameters for each 
application. The relationships between the application 
circuit components and certain telephone parameters 
are briefly described in the following: 


Off-Hook DC Resistance 

R12 conducts the dc line current in excess of the 
speech and dialer bias current. Increasing R12 increases 
the input resistance of the telephone for line currents 
above 10 mA. R12 should be selected between 40 M and 
120 0. 


Off-Hook AC Impedance 

The ac input impedance is equal to the receive am- 
plifier load impedance (at RXQ) divided by the receive 
amplifier gain (voltage gain from V+ to RXO). increas- 
ing the impedance of the receiver increases the impeda- 
ance of the telephone. Increasing the gain of the receiver 
amplifier decreases the impedance of the telephone. 


DTMF Output Amplitude 

R11 controls the amplitude cf the row and column 
DTMF tones. Decreasing R11 increases the level of tones 
generated at V+. The ratio of the row and column tone 
amplitudes is internally fixed. R11 should be greater 
than 20 2 to avoid excessive current in the DTMF output 
amplifier. 


Transmit Output Level 

R4 controls the maximum signal amplitude produced 
at V+ by the transmit amplifier. Decreasing R4 in- 
creases the transmit output signal at V+. R4 should be 
greater than 250 1€ to limit current in the transmit am- 
plifier output. 


Transmit Gain 
The gain from the microphone to the telephone line 
varies directly with R3. Increasing R3 increases the sig- 


nal applied to R4 and the ac current driven through R4 
to the telephone line. The closed loop-gain from the 
microphone to the TXO terminal should be greater than 
10 to prevent transmit amplifier oscillations. 


Note: Adjustments to transmit level and gain are com- 
plicated by the addition of receiver sidetone cur- 
rent to the transmit amplifier output current at 
V+. Normally the sidetone current from the re- 
ceiver will increase the transmit signal (if the cur- 
rent in the receiver is in phase with that in R4). 
Thus the transmit gain and sidetone levels can- 
not be adjusted independently. 


Receiver Gain 

Feedback resistor RQ adjusts the gain at the receiver 
amplifier. Increasing R9 increases the receiver amplifier 
gain. 


Sidetone Leveli 

Sidetone reduction is achieved by the cancellation of 
receiver amplifier input signals from R7and R8. R65, R6, 
and C6 determine the phase of the sidetone balance 
signal in R7. The ac voltage at the junction of R6 and 
R7 should be 180° out of phase with the voltage at V+. 
R7 is selected such that the signal current in R7 is 
slightly greater than that in R8. This insures that the 
sidetone current in the receiver adds to the transmit 
amplifier output current. 


Hook-Switch Click Suppression | 
When the telephone is switched to the off-hook con- 
dition C3 charges from 0 volts to a 300 mV bias voitage. 


‘During this time interval, receiver clicks are suppressed 


by a low impedance at the RM terminal. If this click 
suppression mechanism is desired during a rapid 
succession of hook switch transitions, then C3 must be 
quickly discharged when the telephone is on-hook. R13 
and S2 provide a rapid discharge path for C3 to reset 
the click suppression timer. R13 is selected to limit the 
discharge current in S2 to prevent damage to switch 
contacts. 
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EXTERNAL COMPONENTS 
(Component Labels Referenced to Figure 28) 


Ceramic Resonator oscillator capacitors. 


Nominal 
Capacitors | Value 
, ~ 400 pF 


1.0 pF, 3.0 V 
0.1 pF 





















Transmit limiter low-pass filter capacitor: controls attack and decay time of transmit peak limiter. 


Transmit amplifier input capacitors: prevent de current flow into TXL pin and attenuate low-frequency 
noise on microphone lead. 


Sidetone network capacitor: provides phase-shift in sidetone path to match that caused by jeleprione 
line reactance. 


. Receiver amplifier input capacitors: prevent dc current flow into RM terminal and attenuates low frequency 
noise on the telephone line. 


VR regulator capacitor: frequency compensates the VR regulator to prevent oscillation. 
Receiver amplifier output capacitor: frequency compensates the receiver amplifier to prevent oscillation. 
DC load filter capacitor: prevents the dc load circuit from attenuating ac signals on V+. 


Telephone line bypass capacitor: terminates telephone line for high frequency signals and prevents 
oscillation in the VR regulator. 


DTMF output feedback capacitor: ac couples feedback around the DTMF output amplifier which reduces 
output impedance. . 


. Nominal 
Resistors Value Description 


82, 1.0 W DC load resistor: conducts all de line current in excess of the current required for cece or dialing 
circuits; controls the off-hook dc resistance of the telephone. 


Receiver amplifier input resistors: couple ac input signals from the telephone line to the receiver amplifier; 
signal in R8 subtracts from that in R7 to reduce sidetone in receiver. 


Receiver amplifier feedback resistor: contro s the gain of the receiver amplifier. 


Sidetone network resistors: drive receiver amplifier input with the inverted output signal from the trans- 
mitter; phase of signal in R7 should be opposite that in R8. 


Transmit amplifier load resistor: converts output voltage of transmit amplifier into a current that drives 
the telephone line; controls the mayimum transmit level. 


Transmit amplifier feedback resistor: controls the gain of the transmit amplifier. 


Transmit amplifier input resistors: couple signal from microphone to transmit amplifier; control the aveanne 
range of the transmit peak limiter. 


OTMF calibration resistor: controls the output amplitude of the DTMF dialer. 
Sidetone network resistor (optional): reduces attenuation in sidetone network at high frequencies. 





0.05 uF 





0.05 uF 














2.2 pF, 3.0 V 
0.01 uF 
0.1 uF 
0.01 uF 





0.1 pF 























150 k, 56 k 






200 k 
1.5 k, 30k 









270 






200 k 
47k, 4.7k 









36 


Hook switch click suppression current limit resistor (optional): limits current when S2 mooager C3 after 
‘Switching to the on-hook condition. 


Microphone bias resistor: sources current from VR to power a 2-terminal electret microphone: Rx is not 
used with 3-terminal microphones. 









| Semiconductors | Electret Mic =| Receiver 


MDA106A, or equivalent, 2 Terminal, Primo EM-95 (Use Rx) Primo Model DH-34 (300 12) or equivalent 
or 4-1N4005 or equivalent 
2N4126 or equivalent 3 Terminal, Primo 07A181P (Remove Rx) 
18 V, 1.5 W, 1N5931A or equivalent 
XR — muRata CSB500 
or equivalent 
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TELEPHONE SPEECH NETWORK 


Product Preview 
WITH 


TELEPHONE SPEECH NETWORK WITH DIALER DIALER INTERFACE 
INTERFACE 





SILICON MONOLITHIC 

The MC34014 is a Telephone Speech Network integrated circuit INTEGRATED CIRCUIT 
which incorporates adjustable transmit, receive, and sidetone 
functions, line interface circuit, dialer interface, and a regulated 
output voltage for a dialer circuit. It includes an equalization circuit 
to compensate for various line lengths and the conversion from 
2-to-4 wire is accomplished with line voltages as low as 1.4 volts. 
It is packaged in a standard 18-pin (0.3” wide) plastic DIP. 
@ Adjustable Transmit, Receive and Sidetone Gains 
@ Loop Length Equalization for Transmit and Receive 
@ Compatible with 150-300 Ohm Receivers 
e@ Operates Down to 1.4 Volts (V+) in Speech Mode 
@ Operates Down to 8.0 mA Loop Current in DTMF Mode 


@ Provides Adjustable, Regulated Voltage for CMOS Dialers 





@ Speech Amplifiers Muted During Dialing (Tone or Pulse) P SUFFIX 
@ DTMF Output Level Adjustable with a Single Resistor mae ne ae 
@ Compatible with 2-Terminal Electret Microphones 





FUNCTIONAL BLOCK DIAGRAM PIN DESCRIPTION 


V+ — Voltage input from the Tip and 
Ring lines. 
Vr — 1.2 volt regulated output for the 
speech network. 
TXO — Transmit amplifier output. 
TXI — Transmit amplifier input. 
EQ — Transmit/Receive equalization pin. 
MIC — Microphone mute/activate control 
pin. 
STA — Sidetone output. 
RX| — Receive amplifier input. 
Speech RXO — Receive amplifier output. 
Network | RMT —Receiver mute/activate control pin. 
Tl — Tone (DTMF) input. 
Mute Logic MT 1— Speech mute control pin. 
DTMF Driver MS — Mode select — pulse or tone 
dialing. 
Vdd —3.0/2.5 voits regulated output volit-: 
age. 
ADJ =— Selects Vdd output level. 
input LR — Load resistor — sets DC loop re- 
sistance. 


is C4 —s Receiver 


= DTMF Pulse/ 
Tones TK LC — DC load capacitor 


Input Select V-— — Most negative (reference) pin. 





This document contains information on a new product. Specifications and information herein 
are subject to change without notice. 
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SWITCHABLE TONE/PULSE DIALER APPLICATION 


R15 


Tip 
o— Fe Te 







MC34014 


Receiver 


I cg C4 
3.58 MHz t Tt 


*(Alternate to MOSTEK MK5375) 
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Advance Information 


TELEPHONE 
TONE RINGER 


TELEPHONE TONE RINGER 


BIPOLAR LINEAR/IZL 
@ Complete Telephone Bell Replacement Circuit with Minimum 


External Components 
@ On-Chip Diode Bridge and Transient Protection 
@ Direct Drive for Piezoelectric Transducers 
e@ Push Pull Output Stage for Greater Output Power Capability 


@ Base Frequency Options — MC34017-1: 1.0 kHz 
MC34017-2: 2.0 kHz 
MC34017-3: 500 Hz 


Input Impedance Signature Meets Bell and EiA Standards 
Rejects Rotary Dial Transients 





PLASTIC PACKAGE 
CASE 626-04 


APPLICATION CIRCUIT 


MC34017-X 


Piezo Sound 
Element 


MC34017-1: C = 1000 pF 
MC34017-2: C = 500 pF 
MC34017-3: C = 2000 pF 





This document contains information on a new product. Specifications and information herein 
are subject to change without notice. 
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APPLICATION CIRCUIT PERFORMANCE (Refer to Circuit on First Page.) 


Characteristic Typical Value 


Output Tone Frequencies 
















MC34017-1 808/1010 

MC34017-2 1616/2020 

MC34017-3 404/505 
Warble Frequency 12.5 





Output Voltage: 
(Vv; = 60 "1 20 Hz) 
| Output DutyCycle Duty Cycle 


Ringing Start Input Voltage (20 Ha Esco ranean 
Ringing Stop Input Voltage (20 Hal ee ee: ee ee 
Maximum ac Input Voltage (< 68 Ha) ee ee 


Impedance When Ringing 
= 40 Viemg, 15 Hz > 16 
= 130 Vimg, 23 Hz 12 
rm 
v, = 3.0 Vimg, 200-3200 Hz 
Maximum Transient Input Voltage 
(T < 2.0 ms) 
Ringer Equivalence: Class A 
Class B 


PIN DESCRIPTIONS 
Description 





























The input terminals to the full-wave diode bridge. The ac ringing signal from the telephone line 
energizes the ringer through this bridge. 





The input of the threshold comparator to which diode bridge current is mirrored and sensed 
through an external resistor (R3). Nominal threshold is 1.2 volts. This pin internally clamps at 1.5 
volts. 





The positive supply terminal for the oscillator, frequency divider and output buffer circuits. 


RO1, RO2 The tone ringer output terminals through which the sound element is driven. 


The negative terminal of the diode bridge and the negative supply terminal of the tone 
generating circuitry. 
| RC The oscillator terminal for the external resistor and capacitor which control the tone ringer 
frequencies (R2, C2). 


MAXIMUM RATINGS (Voltages Referenced to RG, Pin 7) 


Se ee 
[Operating AC Input Current Pins 1,8) | | mA RMS 
[Voltage Applied at RC(Ping) 
Ali SSN ee 
[Voltage Applied to Outputs (Ping, 3) | = 20to VR | 
[Power Diespaton(@zro Tw 
[Operating TemperatureRenge | to eo | 
[Storage TemperatureRenge | tO OP 
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ELECTRICAL CHARACTERISTICS (T, = 25°C) 


[heres | Test | Symbol | min | tw | Mow [Ue 


Ringing Start Voltage 
(Vstart = Vj @ Ring Start) 

V\;>0 

V\<0 








34 37.5 41 
— 34 —37.5 —41 


Ringing Stop Voltage 1c Vstop Vdc 

(Vstop = Vi @ Ring Stop) 
C34017-1 
MC34017-2 
MC34017-3 


















Output Frequencies (V; = 50 V) 
MC34017-1 High Tone 
Low Tone 
Warble Tone 
MC34017-2 High Tone 
Low Tone 
Warble Tone 
MC34017-3 High Tone 
Low Tone 
Warble Tone 


Output Short-Circuit Current fi wu = | 3 | eo 


Input Diode Voltage 
(lj) = 5.0 mA) 
Input Voltage — SCR Off 
(I) = 30 mA) 
Input Voltage — SCR On 
(I) = 100 mA) . 
RS Clamp Voitage Velamp 13 1.8 Vde 
(V; = 50 V) 


BLOCK DIAGRAM 













SoS es, ae ere ar Se ae Se es ee eee! ey 
Tj Ri ©} A Diode Bridge . Rl | 
ip 
AC, J | | 
nput 
| Current | 
| = eo | 
Ring O 

Ma | 

| eel 22 V Oo 

Transient =| Piezo 
i. oer ST & sn 
al ) Element 

7 Push Pull nN 

| = +. Output Buffer a | 

| | Tone | 

Oscillator Frequency aa 
Divider 
RC RS 
c2 $R2| vg tx Threshold | Ra C3 
i} | Warble Comparator | il 
V |. _ Frequency Divider RG~ Vy, 
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CIRCUIT DESCRIPTION 


The MC34017 Tone Ringer derives its power supply 
by rectifying the ac ringing signal. It uses this power to 
activate a tone generator and drive a piezo-ceramic 
transducer. The tone generation circuitry includes a re- 
laxation oscillator and frequency dividers which pro- 
duce high and low frequency tones as well as the tone 
warble frequency. The relaxation oscillator frequency fp 
is set by resistor R2 and capacitor C2 connected to pin 
RC. The oscillator will operate with fy from 1.0 kHz to 
10 kHz with the proper choice of external components 
(See Figure 1). 

The frequency of the tone ringer output signal at RO1 
and RO2 alternates between f,/4 to fy/5. The warble 
rate at which the frequency changes is f,/320 for the 
MC34017-1, f,/640 for the MC34017-2, and f,/160 for 
the MC34017-3. With a 4.0 kHz oscillator frequency, the 
MC34017-1 produces 800 Hz and 1000 Hz tones with a 
12.5 Hz warble rate. The MC34017-2 generates 1600 Hz 
and 2000 Hz tones with a similar 12.5 Hz warble fre- 
quency from an 8.0 kHz oscillator frequency. The 
MC34017-3 will produce 400 Hz and 500 Hz tones with 
a 12.5 Hz warble rate from a 2.0 kHz oscillator frequency. 
The tone ringer output circuit can source or sink 20 mA 
with an output voltage swing of 37 volts peak-to-peak. 
Volume control is readily implemented by adding a 
variable resistance in series with the piezo transducer. 

Input signal detection circuitry activates the tone 

ringer output when the ac line voltage exceeds pro- 
grammed threshold level. Resistor R3 determines the 
ringing signal amplitude at which an output signal at 
RO1 and RO2 will be generated. The ac ringing signal 
is rectified by the internal diode bridge. The rectified 
input signal produces a voltage across R3 which is ref- 
erenced to RG. The voltage across resistor R3 is filtered 
by capacitor C3 at the input to the threshold circuit. 


FIGURE 1 — OSCILLATOR PERIOD (1/f.) versus 
OSCILLATOR R2 C2 PRODUCT 


150 k <= R2 < 300k 
400 pF < C2 < 3000 pF 





R2C2 (us) 
(ff, = 1.45 R2C2 + 10 us) 


When the voltage on capacitor C3 exceeds 1.2 volts, the 
threshold comparator enables the tone ringer output. 
Line transients produced by pulse dialing telephones 
do not charge capacitor C3 sufficiently to activate the 
tone ringer output. 

‘Capacitors C1 and C4 and resistor R1 sarstmin’ the 
10 volt, 24 Hz signature test impedance. C4 also pro- 
vides filtering for the output stage power supply to pre- 
vent droop in the square wave output signal. Six diodes 
in series with the rectifying bridge provide the neces- 
sary non-linearity for the 2.5 volt, 24 Hz signature tests. 

An internal shunt voltge regulator between the Ri and 
RG terminals provides dc voltage to power output stage, 
oscillator, and frequency dividers. The dc voltage at Rl 
is limited to approximately 22 volts in regulation. To 
protect the IC from telephone line transients, an SCR is 
triggered when the regulator current exceeds 50 mA. 
The SCR diverts current from the shunt regulator and 
reduces the power dissipation within the IC. 


EXTERNAL COMPONENTS 


Line input resistor. R1 affects the tone 
ringer input impedance. It also influences 
ringing threshold voltage and limits current 
from line transients. 

(Range: 2.0 kQ to 10 kM). 


_ Line input capacitor. C1 ac couples the tone 


ringer to the telephone line and controls ringer 
input impedance at low frequencies. 
(Range: 0.4 uF to 2.0 uF). 


Oscillator resistor. 

(Range: 150 kO to 300 kQ). 
C2 Oscillator capacitor. 

(Range: 400 pF to 3000 pF). 


Input current sense resistor. R3 controls the 
ringing threshold voltage. Increasing R3 
decreases the ring-start voltage. 

(Range: 5.0 kO to 18 kM). 


Ringing threshold filter capacitor. C3 filters the 
ac voltage across R3. at the input of the ringing 
threshold comparator. It also provides dialer 
transient rejection. 

(Range: 0.5 uF to 5.0 uF). 


Ringer supply capacitor. C4 filters supply 
voltage for the tone generating circuits. 

It also provides an ac current path for the 
10 Vims ringer signature impedance. 
(Range: 1.0 uF to 10 uF). 
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FIGURE 2 — TEST ONE 


15 k* 
0.2 uF MC34017-1: C = 1000 pF* 
MC34017-2: C = 500 pF* 
MC34017-3: C = 1000 pF* 





a. Increase V; from +33 volts while monitoring 
Vo: Vstart!+) equals V; when Vo commences 
switching. 

b. Decrease V; from —33 volts while monitoring 

10 k las Vo: Vstart(—) equals V; when Vo commences 

switching. 

c. Decrease V, from +40 voits while monitoring 

Qi Vo: Vstop equals V; when Vo ceases 

10 k Vpp switching. 
R d. Set V; to +50 volts. Close S1. Measure 
frequencies f,,, fL, and fy). 


S; 
Vop (Normally open). 


5.6 k 





IC1I—MC14011B Q1—2N3904 
IC2—MC14538B 
1/4 
Vpp = 12V 8}. - LO) fi, MC34017-1: R = 110 kn* 
MC34017-2: R = 55kN* 


*Indicates 1% tolerance 


(5% otherwise) -O) fw MC34017-3: R = 110 kfi* 
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MC34017-1: C 
MC34017-2: C 
MC34017-3: C 


1000 pF* 
500 pF* 
1000 pF* 


*Indicates 1% tolerance (5% otherwise) 


*Indicates 1% tolerance (5% otherwise) 








FIGURE 3 — TEST TWO. 


0.2 uF 


With Vac = 4.0 voits, close S,. Switch S2 to Pin 2 and measure 
current at Pin 2 (lo1). Repeatedly switch Vac between 4.0 volts 
and 0 volts until Pin 2 current changes polarity. Measure the 
opposite polarity current (lo2). Calculate: 

IRO1 = |lo1| + |lo2| 

Switch S2 to Pin 3 and repeat. 

‘Calculate: 

IRo2 = lot] + |lo2| 


FIGURE 4 — TEST THREE 


Measure voltage at Pin 1. 
160 k* 


1000 pF* 
500 pF* 
1000 pF* 


MC34017-1: C 
MC34017-2: C 
MC34017-3: C 
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FIGURE 5 — TEST FOUR 





0.2 uF 
a. Set |; to 30 mA. Measure voitage at Pin 1 
MC34017-1: C = 1000 pF* (Vo): 
MC34017-2: C = 500 pF* b. Set |; to 100 mA. Measure voltage at Pin 1 
MC34017-3: C = 1000 pF* (Von): 
(Each test < 30 ms) 
*Indicates 1% tolerance (5% otherwise) 


FIGURE 6 — TEST FIVE 





1. 


MC34017-1: C = 1000 pF* clamp 
MC34017-2: C = 500 pF* 
MC34017-3: C = 1000 pF* 


*Indicates 1% tolerance (5% otherwise) 
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FIGURE 7 — TEST SIX 


MC34017-1: C = 1000 pF* With Vac = 4.0 volts, close S,. Measure dc voltage between 
MC34017-2: C = 500 pF* Pins 2 and 3 (Vo1). Repeatedly switch Vac between 4.0 volts 
MC34017-3: C = 1000 pF* and 0 volts until Pins 2 and 3 change state. Measure the new 
voltage between Pins 2 and 3 (Vo2). 

Calculate: 

Vo = [Voi] + |Vo2| 


*indicates 1% tolerance (5% otherwise) 
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Product Preview 


SPEAKERPHONE NETWORK SPEAKERPHONE NETWORK 


The MC34018 Speakerphone integrated circuit incorporates the 
necessary amplifiers, attenuators, and contro! functions to pro- 
duce a viable hands-free speakerphone system. Included are a 
microphone amplifier, a power audio amplifier for the speaker, 
transmit and receive attenuators, a monitoring system for back- 
ground sound level, and an attenuation control system which 
responds to the relative transmit and receive levels as well as the 
background level. Also included are all necessary regulated volt- 
ages for both internal and external circuitry, allowing line-pow- 
ered operation (no additional power supplies required). The 
MC34018 is designed to be interfaced with a speech network 
which provides the necessary 2-to-4 wire conversion. 


@ All Necessary Level Detection and Attenuation Controls in a 
Single Integrated Circuit 


@ Background Sound Level Monitoring with Long Time Constant 
@ Wide Operating Dynamic Range Through Signal Compression 
@ On-Chip Supply and Reference Voltage Regulation 


@ Minimum 100 mW Output Power (into 25 Ohms) with Peak 
Limiting to Minimize Distortion P SUFFIX 


@ Standard 28-Pin Plastic DIP Package (0.6” Wide) | PLASTIC PACKAGE 


e Facilitates Design of a Completely Hands-Free (Dialing and CASE 710-02 
Speech) Telephone System 


SILICON MONOLITHIC 
INTEGRATED CIRCUIT 





BLOCK DIAGRAM 


9 Vcc 


+] 

— Comparator Transmit T, it 

Attenuator parent 

Background Output 
Level | | TA 


eve 
; : ees) 
Mic Monitor 


Amplifier 


O VB : Transmit 
Level 


e 
- Detect a 

Volume = MC34018 Receive 
. Level [| 


Control 
Detect 
VB 


DC Input 


Voltage 
Voltage 


Regulators : <4 acute Receive 
Input 
Attenuator P 


This document contains information on a product under development. Motorola reserves the | 
right to change or discontinue this product without notice. | 
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APPLICATION CIRCUIT 
ILLUSTRATING SWITCHABLE 
HANDS-FREE/HANDSET 
SYSTEM 


MC142100 


4 x 4 CROSSPOINT SWITCH WITH CONTROL MEMORY 


The MC142100 and MC145100 consist of 16 crosspoint switches 
(analog transmission gates) organized in 4 rows and 4 columns. Both CMOS MSI 
devices have 16 latches, each of which controls the state of a particular (LOW-POWER COMPLEMENTARY MOS) 
switch. Any of the 16 switches can be selected by applying its address 
io the device and a pulse tc the strobe input. The selected crosspoint 4 x 4 CROSSPOINT SWITCH 
will turn on if during strobe, Data In was a one and will turn off if during 
strobe, Data In was a zero. In addition the MC145100 will reset all non- WITH CONTROL MEMORY 
selected switches in the same row as the selected switch. Other 
switches are unaffected. In the MC145100, an internal power-on reset 
turns off all switches as power is applied. 





® Internal Latches Control State of Switches 
Power-On Reset (MC145100 Only) 
Low On Resistance — Typically on 1102 @ 10 Vdc 
Large Analog Range (Vpp-— Vss) 
All Pins Are Diode Protected 
Matched Switch Characteristics 
High CMOS Noise Immunity L SUFFIX P SUFFIX 


MC142100 Pin-for-Pin Replacement for CD22100 aa ee gee aes i 


ORDERING INFORMATION 


Data MC14XXXX Suffix Denotes 
iit Ceramic Package 
P Plastic Package 


A Extended Operating 
Temperature Range 


C Limited Operating 


Strobe 


Temperature Range 


PIN ASSIGNMENTS 


Data InQ2 


4-Line-to-16-Line Decoder 
16-Bit Latch 


This device contains circuitry to protect the 
inputs against damage due to high static 
MAXIMUM RATINGS (Voltages referenced to Vss, Pin 8) voltages or electric fields; however, it is ad- 


[Rating «di Symi Unit vised that normal precautions be taken to 
DC Supply Voltage —0.5 to +18 Vde avoid application of any voltage higher than 
Input Voltage, All Inputs | —0.5 to Vpp +0.5 | Vde~ maximum rated voltages to this high im- 
Th nc + 5 Ad pedance circuit. For proper operation it is 
mAdc recommended: that: Vii and’ Vane be Gon- 


Operating Temperature Range ey °C strained to the range Vsss(Vjn_ or 
AL Device —55 to + 125 . Vout) = VDD. 
CL/CP Device - 40 to +85 Unused control inputs must always be tied to 


Storage Temperature Range . — 65 to + 150 °C an appropriate logic voltage level (e.g., either 


Vss or Vpp). 
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MC142100, MC145100 


ANALOG TRANSMISSION GATE 
(CROSSPOINT) SCHEMATIC 


In/Out Out/In 


_ Control 





| Out/In . 


Control 















Vpp 
Characteristic symboi|_ Vee [CRW WT Wn] unt 


Operating Voltage MC145100 | Vpp 4. = 18 4. - 18 4. am 18 
MC142100 18 18 18 

1.5 

3.0 

4.0 














Input Voltage (Logic) “0” Level Vde 
Control Input 







wager Level Vde 





See ae 1 








Input Current 
Pins 2, 3, 4, 5, 6, 7 

Input Capacitance (Vjnj=0) 
Digital Inputs 

Switch Inputs/ Suteets 


[Feeckhrough Capacitance [inven | _- | = ae ae 


Quiescent Current(AL) MC145100 110 
10 115 oe 
SE CECE 
oo =o 
‘6 ic ie 
15 20 ; we 20 
5 250 150 
10 500 ae i 
15 800 170 ~ 300 
: 150 
: 300 pA 
20 600 















MC142100 













‘Quiescent Current MC145100 


(CL, CP Device) 





ie 





*~MC142100 




















On-State See Figures 6-10 260 375 
Resistance : = ee 230 
Vin= VDD- VSs- 


115 145 
2 
On-State Resistance Difference 
Between Any Two Switches 
Vin=VpDpo-Vss __ See Figure6 
2 


Input/Output Leakage AL | lin/out 15 + 100 +0.4 + 100 + 1000 nA 
Current, Switch Off CL, CP 15 +300 +0.4 | +300 +1 









* Tlow= 55°C for AL Device, — 40°C for CL/CP Device. 
Thigh= + 125°C for AL Device, + 85°C for CL/CP Device. 


2-252 


MC142100, MC145100 


SWITCHING CHARACTERISTICS (Vss=0, Ta =25°C, Ci =50 pF) 


VDD 
Characteristics , Symbol Vdc 


Vss=0 Vdc 
tPLH. tPHL 





Propagation Delay Times 
Input to Output 


Strobe to Output 
Output ‘‘1”’ to High Impedance 
Output ‘’0”’ to High Impedance 





maadtancna 


Oo a. a teathoan Vd 
Vulpul | io High impe ANUS 


Output ‘’0” to High Impedance 


High Impedance to Output “1” 
High Impedance to Output ‘’0” 


High Impedance to Output “1” 
High Impedance to Output ‘’0”’ 
Data In to Output 
Data In to Output 
Address to Output 
Address to Output 


See Figure 2 


Minimum Setup Time 
Data In to Strobe 


Data In to Strobe 


Minimum Hold Time 
Data In to Strobe 


Data In to Strobe 


Minimum Set Up Time 
Address to Strobe 


Minimum Hold Time 
Address to Strobe 


Minimum Strobe Pulse Width 










MC142100 







‘PLZ. tPHZ 
ee 
ais halle 


MC142100 





MC145100 


MC145100 





MC142100 


MC145100 } tpz., tpLz 
'PZH. tPHZ 


MC142100 


MC145100 


MC142100 
MC145100 


MC142100 
MC145100 


MC142100 
MC145100 


MC142100 
MC145100 
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MC142100, MC145100 


SWITCHING CHARACTERISTICS (continued) (Vgg=0, Ta=25°C, CL=50 pF) 


VDD 
; Characteristics. Symbol Vdc 


Sine Wave Distortion — See Figure 3 
(RL=1kQ, f=1 kHz) | 
Frequency Response (Switch On) . See Figure 3 
(Ru = 1k@, 20 Logi9 Vout/Vin= —3.0 dB) | 
Feedthrough Attenuation (Switch Off) 
(Vin= 10 Vpp, F=1.6 kHz, RL=1 kQ, CL =15 pF) 
Frequency for Signal Crosstalk 
(Vin= 10 Vpp, Switch A . 
On, Switch B Off, —110dB 
RuL=1kQ, CL = 15 pF) See Figure 4 


‘Crosstalk Controls to Output . . See Figure 5 10 70 mV 
(Ry = 10 kQ) 












See Figure 3 














— 40 dB 










MC145100 MC145100 
‘Only Only 
Switch Switches Switch Switches 
Selected Cleared Selected Cleared 


> 
a 
a. 
x 
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= 
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TIMING DIAGRAM 
MC145100/MC142100 


Strobe 


Data In 


Address Don’t Care Addr 1 Addr 2 Don’t Care 
On — — . 
Switch 1 . | 
Off 
On 
Switch 2 | | | | | 
Off 





2-254 


MC142100, MC145100 


TEST CIRCUITS 


FIGURE 1 — INPUT VOLTAGE 





Vpp ABC D VDD 


Vss 


WE 


FIGURE 3 — BANDWIDTH AND 
FEEDTHROUGH ATTENUATION 


Switch on for Bandwidth Test 
Switch off for Feedthrough Test 


Ni MODs MSS 50047 
2 





Data In Control 


Strobe 
Vpp ABCD ik 






FIGURE 2 — PROPAGATION DELAY TIME 


Vout 









Strobe 












Pulse Data = 
Generator Weeress 
ees s , 
VDD VSs VSS VDD 
Vss 
a 


FIGURE 4 — CROSSTALK BETWEEN 
ANY TWO SWITCHES 


Vin= YOO VSS 4. 
9 ay, 


Vin 


A Switch 
On 





Control 


FIGURE 5 — CROSSTALK 
CONTROL TO OUTPUT 










Vin 


Data In Control 
Strobe 


Vpp ABCD 


VDD 
Vin | | | | 
Vss 








MC142100, MC145100 


FIGURE 6 — CHANNEL RESISTANCE (Ron) TEST CIRCUIT 


A BC OD 


Keithley 160 


Digital 
Multimeter 








TYPICAL RESISTANCE CHARACTERISTICS 


=-2.5V 


2.5V, VSS 


FIGURE 8 — Vpp 


FIGURE 7 — COMPARISON AT 25°C 
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FIGURE 10 — 


=5.0 V, Vgg= -5.0 V 


Vpp 


FIGURE 9 — 
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MC143403 
MC143404 


(AA) MOTOROLA 


Advance Information 


QUAD LINE DRIVER 


CMOS MSI 





The MC143403 and MC143404 are low power, quad line drivers with 
true differential inputs. The device has electrical characteristics similar 
to the popular MC1741 and MC3403. However, the MC143403 has 
several distinct advantages over standard operational amplifier types. . 
The low power quad driver, MC143403, draws only 1.5 mA (typ) and 
the micro power quad driver, MC143404, draws only 400 pA (typ) and 
provides high output drive capabilities. The common mode rejection 
ratio is typically 80 dB. 

These units are excellent building blocks for communications, con- 
sumer, industrial and instrument applications where low power is re- 
quired, particularly in telecommunications equipment. These units are 
useful in both battery operated communications systems and phone line 
powered equipment. 


QUAD LINE DRIVER 





Low Power and Micropower Communication Devices 
True Differential Input Stage 

Single or Split Supply Operation 

High Input Impedance 

Very Low Input Bias Current: 10 nA 

Four Drivers per Package 

Pinout Compatible with LM324 and MC3403 

Wide Input Voltage Range 

High Output Current Drive, MC143403 


L SUFFIX 
CERAMIC PACKAGE 
CASE 632 


P SUFFIX 
PLASTIC PACKAGE 
CASE 646 


ORDERING INFORMATION 
MC14XXXX 


Suffix Denotes 


L Ceramic Package 
E Plastic Package 


PIN ASSIGNMENT 


Output A Output D 


Inputs A Inputs D 


This device contains circuitry to protect the 
inputs against damage due to high static 
voltages or electric fields; however, it is ad- 
vised that normal precautions be taken to 
avoid application of any voltage higher than 
maximum rated voltages to this high-im- 
pedance circuit. For proper operation it is 
recommended that Vi, and Voyt be con- 
strained to the range Vsss (Vin or 
Vout) = VDD. 

Unused inputs must always be tied to an 
appropriate logic voltage level (e.g., either 


Vss or Vpp). 


VDD [] vss 
Inputs B Inputs C 


Output B Output C 





This document contains information on a new product. Specifications and information herein 
are subject to change without notice. 
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MC143403, MC143404 


MAXIMUM RATINGS (Voltages referenced to Vss) 





RECOMMENDED OPERATING CONDITIONS 


DC Supply Voltage Vpop | +4.75 to +12.6 


ELECTRICAL CHARACTERISTICS (Vss =0 V, Ta=0 to 70°C) 


Symbol 








Open Loop Voltage Gain, RL = 10 kQ AOL 


Open Loop Voltage Gain, MC143403 Only, RL = 600 AVOL 
Common Mode Rejection Ratio | | | CMRR 
input Bias Current pie 


Output Voltage Range 
MC143404: Ry = 10 kQ 
MC143403: Ri = 600 Q 


Power Supply Current, MC143403 





Power Supply Current, MC143404 


ELECTRICAL CHARACTERISTICS (Vss =0 V, Ta=0 to 70°C) 


Symbol 


Small Signal Bandwidth . BW 

Av =1, RL =10 kQ, VQo=50 mV. 

Slew Rate Ay=1, RL = 10 k®, 200 pF SR 10 
R, =600 Q, 200 pF = 


Phase Margin 
MC143404: Ay=1, Ri =10 kQ, 200 pF. 


MC143403: R~ = 600 Q, 200 pF 


Power Supply Rejection Ratio . PSRR 
Average Temperature Coefficient of Vio hair ae aa 
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MC 143403, MC143404 


AVOL, Voltage Gain (dB) 


Vo, Output Voltage (Vp-p) 


FIGURE 1 — TYPICAL OPEN LOOP FREQUENCY RESPONSE 


HDs ae | HA LI 


10 100 10k 100 k 


120 



















f, Frequency (Hz) 


FIGURE 2 — TYPICAL POWER BANDWIDTH 
{Large Signal Swing vs. Frequency) - 


ee 

LUT Me tty 
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1k 10k OO k 1M 
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MC143403, MC143404 


FIGURE 3 — GENERAL PURPOSE DUPLEXER (2-Wire to 4-Wire Converter) 





Vout 


Vout 
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MOTOROLA MC145402 


Product Preview 


CMOS LSI 


(LOW-POWER COMPLEMENTARY MOS) 
13-BIT LINEAR CODEC 


Provides Both 13-bit Monotonic A/D and D/A Conversion for Signal 13-BIT LINEAR CODEC 
Processing Systems in a Single IC 


9-bit Linearity 
On Board Precision Voltage Reference 





2s Compliment Coding 
Single +10 V or +5 V Supply Operation 


Sample Rates from 100 Hz to 33 kHz; A/D and D/A Sample Rates 
May Be Sub-Multiples of One Another 


Does Not Require External Input Sample and Hold 
5 V CMOS Inputs; Outputs Capable of Driving Two LSTTL Loads 
Low Power Consumption, 50 mW Typical 


L SUFFIX 
CERAMIC PACKAGE 
CASE 736 





This document contains information on a product under development. Motorola reserves the 
right to change or discontinue this product without notice. 
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(MA) MOTOROLA  -MC145406 


| —- Product Preview | 
7 : HIGH-PERFORMANCE 


ees | | CMOS 
RS-232-C/V.28 DRIVERS/RECEIVERS (LOW-POWER COMPLEMENTARY 


: a ; MOS SILICON-GATE) 
The MC145406 is a silicon-gate CMOS IC that combines 3 drivers and 


3 receivers to fulfill the electrical specifications of EIA Standard 929. 
RS-232-C and CCITT V.28.: The drivers feature true TTL input com- ee le 
patibility, slew-rate-limited output, 300 ohms power-off source im- | RECEIVER 
pedance and output typically switching to within 15 percent of the sup- 
ply rails. The receivers can handle up to +25 volts while presenting 
3 to 7 kilohms impedance. Hysteresis in the receivers aids reception of 
noisy signals. By combining both drivers and receivers in a single 
CMOS chip, the MC145406 provides an efficient, low-power solution 
for RS-232-C/V.28 applications. 





Drivers — 

@® +5to +12 V Supply Range 

@ 300 ohms Power-off Source Impedance 

@ Output Current Limiting | 

@ TTL/CMOS Compatible Inputs : PIN ASSIGNMENT 
@ Slew Rate Maximum of 25 V/ys 


Receivers 

@ +25 V Input Voltage Range 

@ 5 kilohms Input impedance 

@ Hysteresis on Input Switchpoint 
@ Selectable Output Voltage Swing 


TYPICAL APPLICATION 


-E - : - ir 
iM D = Driver 


‘ re x R = Receiver 


TTL/CMOS RS-232-C/V.28 TTL/CMOS 
Logic Cable ~ Logic 





This document contains information on a new product. Specifications and information herein 
are subject to change without notice. 
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(AA) MOTOROLA MC145409 


Product Preview 


INTEGRATED PULSE DIALER WITH REDIAL 


CMOS LSI 


(LOW-POWER COMPLEMENTARY MOS) 


INTEGRATED PULSE DIALER 
The MC145409 is a monolithic CMOS integrated circuit which uses an WITH REDIAL 


inexpensive RC oscillator for its frequency reference, providing all the 
features required for implementing a pulse dialer with redial. It operates 
directly off the telephone line supply, and converts 2-of-7 keyboard 
inputs into pulse signals, simulating a rotary telephone dial. When not 
outpulsing, the MC145409 consumes only microamperes of Current. 

When off-hook, the MC145409 senses a key down condition, verifies 
that only one key is depressed, and then enters the key’s code into an 
on-chip memory. 

The memory will store up to 17 digits, and allows keystrokes to be 
entered at rates comparable to tone dialing telephones. Entering the 
first digit starts a predigital pause counter and clears the memory buffer. 
At the end of the predigital pause, outpulsing begins. As digits are 
entered during the outpulsing period, they will also be stored in the 
memory. Outpulsing will continue until all entered digits have been 
dialed. The first 17 digits entered will be stored in the on-chip redial 
memory and can be redialed by pressing either # or *, provided that the 
receiver has gone on-hook for the minimum time. L SUFFIX P SUFFIX 

When on-hook, key inputs will not be recognized because the Rone nals dice eae as 

aie baat, : pes cate etna CASE 726-04 CASE 707-02 
oscillator is disabled. This oscillator inhibit prevents the circuit from 
drawing excessive current when on-hook. 
Features: 


@ Direct Telephone Line Operation 


@ Uses Standard 2-of-7 Matrix with Negative True Common or the 
Inexpensive Form A-type Keyboard 


Silicon Gate CMOS Technology for Low-voltage, Low-power 
Operation 


Supply Voltage Range of 2.5 to 6 Volts 
MAKE/BREAK Ratio Pin-selectable 

20/10 pps Pin-selectable 

Redial with # or * 

Continuous Mute 

Inexpensive RC Oscillator 

Pin for Pin Compatible with Sharp’s LR-40993 





PIN ASSIGNMENT 


Pulse Output 

On Hook/ Test 
Row 1 

Row 2 

Row 3 

Row4 | 

Mute Output 
M/B Select 
20/10 pps Select 





This document contains information on a product under development. Motorola reserves the 
right to change or discontinue this product without notice. 
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(A) MOTOROLA 


Advance Information | 


BIT RATE GENERATOR 


The MC145411 bit rate generator is constructed with complementary 
MOS enhancement mode devices. It utilizes a frequency divider net- 
work to provide a wide range of output frequencies. 

A crystal controlled oscillator is the clock source for the network. A 

two-bit address is provided to select one of four multiple output clock 
rates. 

Applications include a selectable frequency source for equipment in 
the data communications market, such as teleprinters, printers, CRT 
terminals, and microprocessor systems. 


_@ Single 5.0 V (45%) Power Supply 

Internal Oscillator Crystal Controlled for Stability (to 4 MHz) 
Sixteen Different Output Clock Rates 

50% Output Duty Cycle | 
Programmable Time Bases for One of Four Multiple Output Rates 
Buffered Outputs Compatible with Low Power TTL 
Noise Immunity =45% of Vpp Typical | 
Diode Protection on All Inputs | 

External Clock May be Applied to Pin 13 

Internal Pullup Resistor on Reset Input 


MAXIMUM RATINGS (Voltages referenced to Vss, Pin 8.) 


Rating Symbol 
DC Supply Voltage Range 6:25:10. 0.9 


Input Voltage, All Inputs Vpp + 0.5 to 


DC Current Drain per Pin 


i aaa 


Operating Temperature Range _ 
Storage Temperature Range 

















Rate Selecta 
Rate Selectp 





Crystaljpy 
Oscillator 
Circuit 





* 
Crystaloyt 


Reset 





* See Figure 2 for typical 
crystal oscillator circuits 






Vpp= Pin 16 


* * When Reset =0, outputs F1 thru F8=0, output F9=1. 
, Vss=Pin 8 


This document contains information on a new product. Specifications and information herein 
are subject to change without notice. 


2-264 


CERAMIC PACKAGE 





‘CMOS LSI 


(LOW-POWER COMPLEMENTARY MOS) 


BIT RATE GENERATOR 





' L SUFFIX P SUFFIX 


CASE 620 CASE 648 


PIN ASSIGNMENT 





This device contains circuitry to protect the 
inputs against damage due to high static 
voltages or electric fields; however, it is ad- 
vised that normal precautions be taken to 
avoid application of any voltage higher than 
maximum rated voltages to this high im- 


pedance circuit. For proper operation it is 
recommended that Vin and Vout be con- 
Strained to the range Vsss(Vjn_ or 
Vout) = VDD. 

Unused inputs must always be tied to an 
appropriate logic voltage level (e.g., either 
Vss or Vpp). 





PLASTIC PACKAGE 


MC145411 


ELECTRICAL CHARACTERISTICS 


Characteristic 


Supply Voltage 


Output Voltage O"’ Level 
“1"' Level 
Input Voltage 
(Vo =4.5 or 0.5 V) 
(Vo =0.5 or 4.5 Vdc) 
Output Drive Current 


(VAri—-9 BR VY) Source 
‘yun enw we ww ee 


~ 





(VoL =0.4 V) Sink 


Input Current 
Pins 13, 14, 15 


Pin 7 
np Capseitance “i = 0) 


Power Dissipation” * t 
(Dynamic plus Quiescent) 
(C; = 15 pF) 

Output Rise Time** 
ty = (3.0 ns/pF) CL +25 ns 


Output Fall Time** 5.0 
t¢= (1.5 ns/pF) CL +47 ns 
[input Cock Freavency | fox 


Reset Pulse Width tW(R) 


NO 
on 


NO 
3 
Oo | © 


on 
ro) 





tFor dissipation at different external capacitance (C,_) refer to corresponding formula: 
Pr(CL =Pp+2.6x 10—3(C, — 15 pF) Vpp2t 
where: PT, Pp in MW, CL in pF, Vpp in V, and f in MHz. 

**The formula given is for the typical characteristics only. 


TABLE 1A — OUTPUT CLOCK RATES 





TABLE 1B — 1.843 MHz TABLE 1C — 3.6864 MHz 
Crystal Output Rates Output Rates 
Output Output Rates (Hz) Output 





* FQ is buffered oscillator output. * FQ is buffered oscillator output. 





MC145411 








FIGURE 1 — DYNAMIC SIGNAL WAVEFORMS 


20 ns 


90% 
put 10% 
90% 
90, 
Output as 
tTLH 


FIGURE 2 — TYPICAL CRYSTAL OSCILLATOR CIRCUIT 
Rate Select 


Reset . A 


Bit Rate 
Clock Outputs 


Re= 15 MQ+ 10% 


Crystal Specifications 

Crystal Mode Parallel 

Frequency 1.8432 MHz or 3.6864 MHz 
+0.05% @13 pF 
540 Q max 
7.0 pF max 

Temperature Range’ 0 to 70°C 

Test Level 1 mW 

Test Set TS — 330/TSM or Equivalent 
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(AA) MOTOROLA MC145414 


DUAL TUNABLE CMOS LSI 





LOW PASS SAMPLED DATA FILTERS (LOW-POWER COMPLEMENTARY MOS) 
The MC145414 is sampled data, switched capacitor filter IC intended 
to provide band limiting and signal restoration filtering. It is capable of DUAL TUNABLE 
Operating from either a single or split power supply and can be LOW PASS 
powered-down when not in use. Included on the IC are two totally un- 
committed op amps for use elsewhere in the system as | to V con- SAMPLED DATA FILTERS 





verters, gain adjust buffers, etc. 


Two General Purpose 5th Order Elliptic Low Pass Filters 
Low Operating Power Consumption — 30 mW (Typical) 
Power Down Capability — 1 mW (Maximum) 

+5 to +8 Volt Power Supply Ranges 

TTL or CMOS Compatible Inputs Using VLS Pin 

Two Operational Amplifiers Available to Reduce Component L SUFFIX P SUFFIX 
Count CERAMIC PACKAGE PLASTIC PACKAGE 
Useful in LPC or CVSD Speech Applications CASE 620 CASE 648 
Passband Edges Tunable With Clock Frequency From 1.25 kHz to 
10 kHz 





PIN ASSIGNMENT 


BLOCK DIAGRAM 


ORDERING INFORMATION 


MC 14XXXX 


L Ceramic Package 
P Plastic Package 


This device contains Circuitry to protect 
the inputs against damage due to high 
Static voltages or electric fields; however, 
it is advised that normal precautions be 
taken to avoid application of any voltage 
higher than maximum rated voltages to 
this high impedance circuit. For proper 
operation it is recommended that Vin and 
Vout be constrained to the range 
Vsss(Vin Or Vout) S VDD. 

Unused inputs must always be tied to 
an appropriate logic voltage level (e.g., 
either Vss or Vpp). 


ginal 
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MC145414 


MAXIMUM RATINGS (Voltages referenced to Vss) 

















DC Supply Voltage 





Input Voltage, All Pins - —0.5 to Wop +0.5] Vi | 
DC Current Drain per Pin (Excluding Vpp, Vss) Sa ae 
Operating Temperature Range YS 





Storage Temperature Range — 65 to 150 


RECOMMENDED OPERATING CONDITIONS _ 

Po Parameter «Spot [ in [Ty | Ma | Oni 
OC Supply Voltage } Voo-vss [10 [2] 16 [ v_ 

Clock 1, 2 Frequency , CLK 1, 2} 80 | 128 | 400 [RHE 














DIGITAL ELECTRICAL CHARACTERISTICS (Vss=0 V) 





a 


‘| Operating. Current 


Power-Down Current (PDI=Vss) [tp | 
Input Capacitance 


MODE CONTROL LOGIC LEVELS 





se [Win 
a 
se 
eae) 
11.5 
11.5 10.5 


VLS Power-Down Mode VIH 
VLS TTL Mode 


VAG Power-Down Mode 
. 


-_ oa —_ _> —_—_ —_ —_— fd fi — 
ANY IAN [ar Nlmlr 
oN oOo 
oo 0 
ole 13 


VAG Analog- Ground Mode VIL 





CMOS LOGIC LEVELS (Vi s=Vss) 

Input Current Clock 1, 2 4" Level Ftin | | 

(Internal Pulldown Resistors) 0’ Level 12 -0.3 
Input Voltage Clock 1, 2 . 
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MC145414 


ANALOG ELECTRICAL CHARACTERISTICS (Vpp = 12 V) 


D3} ELE a 


— 25°C 
Characteristic 


He] He 
CO}O}4 

< 
§/8]° 
HH 
Slo 


AC Input impedance (1 kHz) Ain, Bin 


Input Common Mode Voltage Range Bins tA, ~A, +B, -B VICR 
Input Offset Current +Ato—-A,+Bto-B 
Input Bias Current 


H- 


= 
— = 
oO Oo 





Input Offset Voltage — 





Output Voltage Range 
(Ry =20 kQ to VAG, Rp= oo) 
(R_ =600 Q to VAG, Rg =1.6 kQ to Vpp) 
(Ri = 900 Q to VAG, Rg =1.8 kQ to Vpp) 


Small Signal Output Impedance (1 kHz) 


Output Current 
(VQ = 10.5 V) . Aout, Bout, AO, BO 
(Vo= 1.5 V) Aout, Bout. AO, BO 





meee H- H eg 
alan & Sl} =als 


FILTER A SPECIFICATIONS 
(Vpp- Veg=12 V, Clock 1, 2=128 kHz, Vi,=0 dBm0, full scale= +3 dBm0, 7 V p-p) 


Characteristic 


Gain (1020 Hz) 
Passband Ripple (50 Hz to 3000 Hz) 
Out of Band Response 
3400 Hz 
4000 Hz-4600 Hz 
4600 Hz-64 kHz 
Output Noise (Aj, = VAG) 
Dynamic Range 
Differential Group Delay 
1150 to 2300 kHz Delay 


1000 to 2500 kHz Delay 
800 to 2700 kHz Delay 


Power Supply Rejection Ratio (Vpp =12 V +0.1 VRMs @ 1 kHz) 


Crosstalk (Aj; = VAG, Bjn =O dBm0 Output at Apyt at 3 kHz) 





Characteristic 


Gain (1020 Hz) 
Passband Ripple (300 Hz to 3000 Hz) 


Response 
3400 Hz 
4000 Hz-4600 Hz 
4600 Hz-64 kHz 


Output Noise (300 Hz-3400 Hz) | 
Dynamic Range (7 V p-p Max) 


Differential Group Delay 
1150 to 2300 kHz Delay 
1000 to 2500 kHz Delay 
800 to 2700 kHz Delay 


Crosstalk (Bin =VAG, Ain=O0dBm0 @ 3 kHz Output at LPO @ 3 kHz) | 
Power Supply Rejection Ratio | | 36 
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MC145414 


SWITCHING CHARACTERISTICS (Vpp - Vss = 10 V, TA = 25°C) 







Input Rise Time ; ia . Clock 1,2] tTLH 

Input Fall Time ‘THL | 
Pulse Width | Clock 1, 2 

Clock Pulse Frequency Clock 1,2 









Clock 1, 2 Duty Cycle 





FUNCTIONAL DESCRIPTION OF PINS 


Pin 1 — Vac (Analog Ground) for the Clock 1, 2 inputs. If Vs is within 0.8 V of Vss, the 

This pin should be held at approximately (Vpp-VE_)/2. All thresholds will be for CMOS operating between Vpp and 
analog inputs and outputs are referenced to this pin. If this Vss. If VLS is within 1.0 V of Vpp, the chip will power 
pin is brought to within approximately 1.0 V of Vpp, the down. If VLS is between VDD -2 V and Vss+2 V, the 
chip will be powered down. thresholds for logic inputs at Clock 1, 2 will be between 


VLS+0.8 V and VLS +2.0 V for TTL compatibility. 
Pin2— +A 


Non-inverting input of op-amp A. Pin 10 — Clock 1 


Always tie clock 1 and clock 2 together. 
Pin3 — -—A 


Inverting input of op-amp A. Pin 11 — Clock 2 


Always tie clock 1 and clock 2 together. 
Pin 4 — AO 


Output of uncommitted op-amp A. Pin 12 — Bout (Lowpass Filter B) 


This is the output of B lowpass filter. 
Pin 5 — BO 


Output of uncommitted op-amp B. Pin 13 — Bin (Lowpass Filter B) 


This is the input to filter B. 
Pin6 — —B 


Inverting input of op-amp B. Pin 14 — Aout (Low pass Filter A) 


This pin is the output to filter A. 
Pin7 — +B 


Non-inverting input of op-amp B. Pin 15 — Ain (Lowpass Filter A) 


This is the input to filter A. 


Pin 8 — Vss ; 
This is the most negative supply pin and digital ground fo Pin 16 is VDD 
the package. Nominally 12 volts. 
Pin 9 — Vis (Logic Shift Voltage) 
The voltage on this pin determines the logic compatibility NOTE: Both VAG and VLS are high-impedance inputs. 


FILTER DESCRIPTION 


FILTER A DESCRIPTION . FILTER B DESCRIPTION 

Filter A of the MC145414 is a 5-pole elliptic tunable Filter B in the MC145414 consists of a 5-pole elliptic : 
lowpass filter operating at a sampling rate determined by tunable lowpass filter operating at a sampled rate determined 
clock 1 and clock 2. This filter provides band limiting that is by clock 1 and clock 2. Filter B is functionally similar to filter 
a direct function of clock 1 and clock 2. With a 128 kHz _ A, except filter B has unity gain. 


clock, the band limiting frequency is 3.6 kHz. By dividing the 
clock in half to 64 kHz, the band limiting frequency is cut in 


half to 1.8 kHz (as illustrated in Figure 1). Likewise by dou- Clock : and 2 
bling the clock, the cutoff point will double (as illustrated in Logic levels of these signals can be either TTL or CMOS 
Figures 3 and 4). The clock frequency can be varied from compatible. Choice of logic level can be user determined by 
50 kHz to 400 kHz. Filter A, unlike filter B, has a gain of 18 applying the appropriate voltage to the level shift control pin, 
db. Because the MC145414 is a switch capacitance filter, the VLS. Clock 1, 2 pins should be tied together. 
sampled output signal will have switching noise present near 
multiples of the switching frequency; a single-pole RC filter 
may be required to reduce this. Power Down 

To provide 50/60 Hz and 15 Hz rejection, a 3-pole The MC145414 may be powered down by bringing VAG to 
Chebychev highpass filter can be externally realized with the within 1.7 V of Vcc or by bringing VLS to within 1.7 V of 
MC145414 by using the uncommitted op-amps as an active VDD 


filter. This is shown in Figure 5 and 6. 
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MC145414 


FIGURE 1 — FILTER A AND B LOWPASS CHARACTERISTICS 
WITH CLOCK 1 AND 2 AT 64 kHz 
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FIGURE 3 — FILTER A AND B LOWPASS CHARACTERISTICS 
WITH CLOCK 1 AND 2 AT 256 kHz 
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FIGURE 2 — FILTER A AND B LOWPASS CHARACTERISTICS 
WITH CLOCK 1 AND 2 AT 128 kHz 
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FIGURE 4 — FILTER A AND B LOWPASS CHARACTERISTICS 


WITH CLOCK 1 AND 2 AT 400 kHz 
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MC145414 


FIGURE 5 — FILTER SCHEMATIC FOR MC145414 WITH 60 Hz REJECT FILTER 





R1 
. C1 C2 
Bin o| - : : C3 
i] ? 
oe 4 13 12 
Bout 
ee ee 3 | C4 
HighZji, 7Vp-p A Low Pass 
R2 R3 R4 
VAG VAG 
LowZout -7V p-p 
14 15 
Aout Ain 
B Low Pass 
C1, C2, C3 4700 pF +1% 
C4 0.2 pF — 20% + 80% 
R1 W2kQ %W 1% 
R2 620 kQ *%W 1% 
R3 223 kQ *%W 1% 
R4 100 kQ %YW 10% 
NOTE: In noisy environment, R1-R4 should be 10 kQ or less to minimize pickup. 
. . AD0318 


FIGURE 6 — FILTER SCHEMATIC FOR MC145414 WITH 60 Hz REJECTION AND 900 TERMINATION 


4 Cc ‘ 5 C4 
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aL , ma | Bis 
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Bi 
Vin Max= +3 dBm $10 R2 R3 1 


VAG 


VAG 
Zout = 900 2 R8 
Vout Max= +3 dBm RO S 7 16 
Ain 
5 R7 
Aout 
R11 > 6 B Low Pass 
Ci, C2, C3 4700 pF +1% R6 169 kQ YW 1% 
C4 0.2 pF —20% +80% R7 24kDn YW 1% 
R1 236 kD YW 1% R8 33kQ%W 1% 
R2 294 kQ ”UW 1% R9 18kQ %W 10% 
R3 223 kQ WW 1% R10 900N2 %YW 1% 
R4 100 kn w’W 10% R11 S002 %ZW 1% 
R5 200 kQ YW 1% 
AD0319 


NOTE: In noisy environment, R1-R4 should be 10 kQ or less to minimize pickup. 
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FIGURE 7 — DELTAMOD VOICE DIGITIZER USING MC3417 AND MC145414 


Analog Input + 12 


= Encode/ Decode 
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Digital Input 


a ee ie 
E AAA-® Digital Output 
+12 ; a 


R13 






MC3417/8 





BSS 
MC145414 


Analog R6 


Output 
—————<g 128 kHz 


R12 C1 O.1 pF 20% R6 47 kQ 5% 

C2 0.01 pF 20% R7 5.1 kQ 5% 

NOTES: C3 0.1 pF R8 10 kQ 5% 
1. Ain has a gain of 18 dB. Max Vjn before clipping is 1 Vp-p. J C40 0.33 pF RQ 200 2 
2. Clock must be full Vpp to Vss swing. C5 0.1 pF R10 1kQ 
3. Digital 1/0 on MC3417/18 is TTL compatible. C6 10 pF R11 47kQ 
R14 9.6 kQ 5% R12 22M 
R2 400 kQ 5% R13 2 kN 
R3 7.5 kQ 5% R14 10 kQ 
R4 15 kQ 5% R15 2 kQ 


R5 8.2 kQ 5% 





VLYSTLOIN 





(AA) MOTOROLA 


Advance Information 





DUAL TUNABLE LINEAR PHASE LOW-PASS 
SAMPLED DATA FILTERS. 


The MC145415 is sampled data, switched capacitor filter IC intended 
to provide band limiting and signal restoration filtering. It is capable of 
operating from either a single or split power supply and can be 
powered-down when not in use. Included on the IC are two uncommit- 
ted comparators for use elsewhere in the system. 


Two Linear Phase 5th Order Low-Pass Filters 

Low Operating Power Consumption — 20 mW (Typical) 
+2.5 to +8 Volt Power Supply Ranges 

CMOS Compatible Inputs Using Vpg Pin | 

Two Comparators Available to Reduce Component Count 
Useful in High Speed Data Modem Applications . 


Pass-Band Edges Tunable With Clock Frequency from 1.25 kHz to 
10 kHz | 


BLOCK DIAGRAM 


VpG=Pin9 
Vpp= Pin 16 





This document contains information on a new product. Specifications and information herein 
are subject to change without notice. 
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MC145415 


CMOS LSI 


(LOW-POWER COMPLEMENTARY MOS) 


~ DUAL TUNABLE 
LINEAR PHASE LOW-PASS 
SAMPLED DATA FILTERS 


Vl 


L SUFFIX P SUFFIX 
CERAMIC PACKAGE PLASTIC PACKAGE 
CASE 620 CASE 648 





PIN ASSIGNMENT 


ORDERING INFORMATION 


MC14XXXX 


L Ceramic Package 
P Plastic Package 


This device contains Circuitry to protect 
the inputs against damage due to high 
Static voltages or electric fields; however, 
it is advised that normal precautions be 
taken to avoid application of any voltage 
higher than maximum rated voltages to 
this high impedance circuit. For proper 
operation it is recommended that Vin and 
Vout be constrained to the range 
Vss (Vin or Vout) S VDD. 

Unused inputs must always be tied to 
an appropriate logic voltage level (e.g., 
either Vss or Vpp). 





MC145415 


ANALOG ELECTRICAL CHARACTERISTICS (Vpp = 12 V. Vss=0, VaG=Vop/2, Ta= — 40 to 85°C) 












Input Common Mode Voltage Range 


Input Offset Current +Ato—-A, +Bto-B ae ee +10 P= | nA 
nek as Cre 2 











Input Offset Voltage 
Output Voltage Range 
(Ry =20 kQ to Vac, Rp= oo) 

(Rj =900 & to Vac, Rg=1.8 kQ to Vpp) 
(R, = 600 kQ to Vac, Rg=1.6 kQ to Vop) 


Small Signal Output Impedance (1 kHz) 











Output Current 
(Vo= 10.5 V) 
(Vo=1.5V) 
Comparator Output Current 
(Vo =9.5 V) 

(Vg=0.5 V) 















Characteristic 
Gain (300 Hz) 


Responses (Ref. 300 Hz) 
2400 Hz 
4800 Hz 


Idle Noise (Ain = VAG, Ref. to 600 2) 
Dynamic Range (Full Scale Output/Idle Noise) 
Deviation From Linear Phase dc to 2400 Hz 
Power Supply Rejection Ratio (Vpp=12 V +0.1 Vajys @ 1 kHz) 
Crosstalk (Ain = VAG, Bin =O dBm0, Output at Agyt at 3 kHz) 
































FILTER B SPECIFICATIONS (Vpp - Vss= 12 V, Clock = 153.6 kHz, Vin =0 dBm0, full scale= + 3 dBm0, 7 V p-p, Ta= — 40 to 85°C) 


Characteristic 


Response (Ref. 300 Hz) 
2400 Hz 
4800 Hz 


Crosstalk (Bin= VAG. Ain =O dBm0 @ 2 kHz, Output at Boy) 


Cc 


Q 
@ 
A 
om 
a 


nit 
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MC145415 


MAXIMUM RATINGS (Vss =0) 


V 
[DC Current Drain per Pin (excuaing VoD. Vegh SCC‘ CT 















Operating Temperature Range TA 
Storage Temperature Range 


RECOMMENDED OPERATING CONDITIONS : 


Parameter SY: Smt [Min Tee] Max [Uni 
[Glock Frequency® ce 80 a0 oe 






*Filter frequency response may degrade slightly as clock frequency is increased above 200 kHz. 

DIGITAL ELECTRICAL CHARACTERISTICS (Vpp=10 V, Vss=0 V, Vag=Vpp/2. Ta= —40 to 85°C) | 
Pee 
a ae 





VpoG Reference Voltage (Pin 9) 
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MC145415 


SWITCHING CHARACTERISTICS (Vpp- Vss=12 V, Ta= — 40 to 85°C) 


Syma 













Finpat Fall Time (Pin To) 
Fn. | 
) 








FUNCTIONAL DESCRIPTION OF PINS Bout, LOW-PASS FILTER B OUTPUT (PIN 12) 
This is the output from Filter B. 
Vpp (PIN 16) 
Positive supply pin. Bin, LOW-PASS FILTER B INPUT (PIN 13) 
This is the input to filter B. 
Vss (PIN 8) . 
This is the most negative supply pin. Aout, LOW-PASS FILTER A OUTPUT (PIN 14) 


This pin is the output from Filter A. 
Vac, ANALOG GROUND (PIN 1) en eee pate, oe 


This pin should be held at approximately (Vpp — Vss)/2. Ain, LOW-PASS FILTER A INPUT (PIN 15) 
All analog inputs and outputs are referenced to this pin. This is the input to Filter A 
+ A (PIN 2) . 
Non-inverting input of comparator A. NOTE: Vag is a high-impedance input. 
— A (PIN 3) 


Inverting input of comparator A. 


AO (PIN 4) 
Output of comparator A. This is a standard ‘B’ series 
CMOS output. 


BO (PIN 5) 


Output of comparator B. This is a standard ‘B’ series FILTER DESCRIPTION 
CMOS output. 


FILTER A DESCRIPTION 


a EIN 6) Filter A af the MC145415 is a 5-pole tunable linear phase 
Inverting input of comparator B. low-pass filter operation at a sampling rate determined by 
the clock. The break frequency, which is a function of the 

+B (PIN 7) clock, is calculated by dividing the input clock frequency by 
Non-inverting input of comparator B. 64. With a 128 kHz clock, the band limiting frequency is 2 
kHz. By dividing the clock in half to 64 kHz the band limiting 

VpG, DIGITAL GROUND (PIN 9) frequency is cut in half to 1 kHz. Likewise, by doubling the 
This pin is logic ground reference for the CLK and LOOP clock, the cutoff point with double in frequency. The clock 
pins. frequency can be varied from 50 kHz to 400 kHz. Filter A, 
unlike filter B, has a gain of 18 dB. Because the MC 145415 is 

CLK, CLOCK (PIN 10) a switch capacitance filter, the sampled output signal will 


have switching components present near multiples of the 
switching frequency and inputs to these filters should be 
band-limited to under ~ 3/4 fcLk to prevent aliasing. 


This is the clock input that determines the location of the 
cutoff frequency of the filters as given below: 


—3 dB frequency=fcLk + 64 
FILTER B DESCRIPTION 


LOOP (PIN 11) Filter B in the MC145415 consists of a 5-pole tunable linear 

When this pin is high, the input to filter A is disconnected phase low-pass filter operating at a sampled rate determined 
from the pad and shorted to the filter B output pin. With this by the clock. Filter B is functionally similar to filter A, except 
pin low, the loop back mode is disabled. filter B has unity gain. 
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MC145415 


FIGURE 1 — FILTER A AND B LOW-PASS CHARACTERISTICS 


GAIN versus FREQUENCY | | PHASE versus FREQUENCY 

















(ferk= 153.6 kHz) (fCLK = 153.6 kHz) 
. 7 ae : 4 
Am TTT 
HSH gS 
Till Sei 
aq 20 2 1 - 
oo gS 
err TH PN 
a. 
pA aN 
. Connon os i i: a Oe 
0.1 | 100 a 





fin, INPUT FREQUENCY (kHz) . f, FREQUENCY (kHz) 


NOTES: 1. Break frequency is equal to the clock frequency + 64. | 
2. Figure 1 illustrates Filter B performance. 
Filter A would be 18 dB higher. 


FIGURE 2 — TEST CIRCUIT 
+ 


0.1 pF 


Filter A and B Inputs _ 


Filter A Output 


Filter B Output 


CLK Input 
153.6 kHz 


0.1 pF 
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Product Preview 


DIGITAL LOOP TRANSCEIVERS (DLT) 





The MC145418 and MC145419 DLTs are high-speed data 
transceivers. These !Cs are intended primarily for voice/data telephone 
systems, but can be used in any digital data transfer scheme (i.e., 
limited distance modems) where bidirectional data transfer is needed 
with a typical data rate of 80 kilobits per second in any one direction. 
These devices utilize a 256 kilobaud ‘‘squared’’ DSPK burst modulation 
technique for transmission. Simultaneous power distribution and 
duplex data communication can be obtained by using a single twisted 
pair of wire. 

These devices are designed for compatibility with existing, as well as 
evolving, telephone switching hardware and software architectures. 

Two basic versions of the DLT are available: the MC145418 master 
DLT for use at the telephone switch line card and the MC145419 slave 
DLT for use at the remote digital telset and/or data terminal. 

These devices employ CMOS technology in order to take advantage 
of its reliable low-power operation. 

The DLTs are designed to be compatible with the MC145422 and 
MC145426 UDLT in timing and system interface. The DLT will require 
external circuitry on the line interface to communicate with a UDLT. 


@ Provides Synchronous Duplex 64 Kilobits per Second Voice/Data 
Channel and Two 8 Kilobits per Second Signaling Data Channels 


® Compatible with Existing and Evolving Telephone Switch Archi- 
tectures and Call Signaling Schemes 


@ Full Duplex 80 kbps Transmission for an 8 kHz Frame Rate 


@ Can Be Interfaced to Wire, Coax, Fiber Optic, or Other Transmis- 
sion Media Through Appropriate External Circuitry 


@ Variable Data Transmission/Frame Rates 

@ Protocol Independent 

@ Single 5 V to 8 V Power Supply 
MC145418 Master DLT 

@ 22 Pin Package 

@ Pin Controlled Power-Down Feature 


® Signaling and Control |/O Capable of Sharing Common Bus Wir- 
ing with Other DLTs 


@ Variable Data Clock — 64 kHz to 2.56 MHz 


® Pin Controlled Insertion/ Extraction of One Signaling Channel into 
LSB Voice/Data Channel for Simultaneous Routing of Voice and 
_Data Through PCM Voice Path of Telephone Switch 


MC145419 Slave DLT 
@ 22 Pin Package 
Compatible with MC14400 Series PCM Mono-Circuits 
Pin Controlled Loop-Back Feature 
Automatic Power-Up/Down Feature 
On-Chip Data Clock Recovery and Generation 


Pin Controlled 500 Hz D3 or CCITT Format PCM Tone Generator 
for Audible Feedback Applications 


This document contains information on a new product. Specifications and information herein 
are subject to change without notice. 
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MC145418 
MC145419 


CMOS LSI 


(LOW POWER COMPLEMENTARY MOS) 


DIGITAL-LOOP 
TRANSCEIVERS 





L SUFFIX 
CERAMIC PACKAGE 
CASE 736 


P SUFFIX 
PLASTIC PACKAGE 
CASE 708 


DO 


RE1 

Rx 
TOC/RDC 
CCI 

Tx 

TEI 

SIE 











MC145418, MC145419 


MASTER DLT BLOCK DIAGRAM 


Transmit $ Buffer et | pate 
DO | 














: s 
ic8 3 Receive ; | — 
= RDC 
CCl fas PD 

Sequence | 
and 


MSI = Control — ae 
a =a Sot 


SYN Receive Buffer : a 


Transmit 


S02 


Demodulator 





Vpp »>— 
Vss—— 


Tx 


Te) 
Bae ogo Megs te EES, pe TDC 


Register 







SLAVE DLT BLOCK DIAGRAM 
DO Transmit | Buffer Si] 
: S|2 


iis Receive - Rx 
Tone RE1 


Register 
Gen. 9 


LB 

TE 

PD P ower- 
Down 


x1 


MEO 


Modulator 





Mu/A 





Sequence 
and 
Control 






i 





ae — ee _ 
_ : OE eon : | 
@ 
3 | Receive =} Butter | Buffer oo) 
2 S02 
: 
i = 
VoD »— Tx 
Vss > TEI 
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MC145418, MC145419 


MAXIMUM RATINGS (Voltage Referenced to Vss) 










Sybal 
DC Supply Voltage Vpop-Vss —0.5 to 9.0 
Voltage, Any Pin to Vss V —0.5 to Vpp + 0.5 







OC Current, Any Pin (excluding VOD, VSS) ee ES A 
°C 





desi fev| ss |- | 
8V 


alae i ema 
8V 


Tirput Curent xcept =a 1OeATSSCSCSCSCSCSCSCSCSCSCSCstst‘“s~s~iSCdSC ed 
SBT. a RN UOT (ONES ET 3 


Output High Current VOH=2.5V 5V -1.7 mA 
VOoH=4.6V | 5V | -0.36 

Tx Output High Current (Master) VOH=2.5V 5V -3.4 mA 
VOH=4.6V ] 5V -0.7 

PD Output High Current (Slave) VoH=3.5V} 5V { -0.1 | — | mA | 

Output Low Current VoL=04V] 5V 0.36 mA 
VoL=08V]} 5V 0.8 

Tx Output Low Current (Master) VoL=0.4V ] 5V 1.7 m 
VoL=08V] 5V 3.5 

0 


PD Output Low Current (Slave) VoL=1.5V | mA | 
Tx Input Impedance (TE1=Vss, Master) | 100 | — | ka | 
le 


4.4 Hz 
re - 18 | dBm0 


Crystal Frequency (Slave) (See Note 1) a ee 


PCM Tone (TE=Vpp, Slave) 





NOTES: 1. The slave's crystal frequency divided by 512 must equal the master’s MSI frequency +0.25% for optimum operation. 
2. Assumes crystal frequency of 4.096 MHz. 
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MC145418, MC145419 


MC145418 SWITCHING EaARACTERIS TICS (Vpp =4.5 to 5.5 V, Ta= 25°C, Cy = 10 pF) 


i aed aS Me wT SalI 
cr 
cat Fall Time . AllDigitalinputs | =A ee ee ee 












































twiL) 
MSI to $01, S02 
MSI to Tx, TE1=Vpp 
MSI to RDC Setup Time ~ C tsu3 40 
tsu4 90 
MSI to TDC Setup Time; TE1/RE1 to TDC/RDC Setup Time COE 
| tsu4 


Data Clock Faguenes TDC, RDC Se 2560 
TDC to Tx, TE1T=Vpp 
tsu5 20 
th1 60 


Propagation Delay Times” 
B tPLH. tPHL 90 
Bo 90 
B : 
TE1 to Tx, TDC=Vopp B 
SI1, S12 to MSI Setup and Hold Times tsu6 60 
| | th2 60 













Rx to RDC Setup and Hold Times 





MC145419 SWITCHING CHARACTERISTICS (Vpp =4.5 to 5.5 V, Ta= 25°C, Cy. =10 pF) 
) Parameter 


Input Rise Time All Digital Inputs 
Input Fall Time All cdl — 


Clock Output Pulse Width 


Propagation Delay Times 
Clock to TE1 
Clock to RE1 
Clock to Tx 

_ TE1 to $O1, SO2 


Rx to Clock Setup and Hold Time. . 


~SI1, S12 to TE1 Setup and Hold Time 


+ 
Pad 
fe 
— 
or 





tho _ 
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MC145418, MC145419 


TIMING DIAGRAMS 


70% 
30% 
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MC145418, MC145419 


MC145418 PIN DESCRIPTIONS 


Vss — NEGATIVE SUPPLY 
This pin is the most negative supply pin, normally O V. 


Vpop — POSITIVE SUPPLY 
Normally 5 V. 


DI — DATA INPUT 


This input to the demodulator circuit should be a squared 
and limited version of the received line signal. (See Figure 3 
for typical line interface circuit.) 


SYN — SYNC INPUT 


This input to the demodulator circuit should be a signal 
which is high when signal energy is detected on the line. 
(See Figure 3 for typical line interface circuit.) 

This signal should be the output of a window comparator 
with a threshold of approximately 40% of the smallest re- 
ceived line signal. 


VD — VALID DATA OUTPUT 


A high on this pin indicates that a valid line transmission 
has been demodulated. A valid transmission is determined 
by proper sync and the absence of detected bit errors. VD 
changes state on the leading edge of MSI when PD is high. 
When PD is low, VD changes state at the.end of demodula- 
tion of a line transmission and doesn’t change again until 
either three MSI positive edges have occurred without a 
transmission being received, at which time it goes low, or 
until the next demodulation of a line transmission. VD is a 
standard B-series CMOS output. VD is high impedance 
when SE is held low. 


Si, SI2 — SIGNALING BIT INPUT 


- Data on these pins is loaded on the rising edge of MSI for . 


transmission to the slave. The state of these pins is internally 
latched if SE is held low. 


$01, SO2 — SIGNALING BIT OUTPUT 


These outputs are the received signaling bits from_the 
slave DLT and change state on the rising edge of MSI if PD is 
high, or at the completion of demodulation if PD is low. 
These outputs have standard B-series CMOS drive capability 
and are high impedance if the SE pin is held low. 


SE — SIGNAL ENABLE INPUT 


If held high, the PD, SI1, SI2, and SIE inputs and SO1, 
S02 and VD outputs function normally. If held low, the state 
of these inputs is latched and held internally while the out- 
puts are high impedance. This allows these pins to be bussed 
with those of other DLTs to a common controller. 


PD — POWER-DOWN INPUT 


If held low, the DLT powers down. In power down, the 
only active circuitry is that which is necessary to demodulate 
an incoming burst and output the signal and the valid data 
bits. Internal data transfers to the Tx and Rx registers cease. 
When brought high, the DLT powers up, and waits three 
positive MSI edges or until the end of an incoming transmis- 
sion from the slave DLT and begins transmitting every MS! 
period to the slave DLT on the next rising edge of MSI. 


MSI — MASTER SYNC INPUT 


This pin is the system sync and controls the transfer of 
data to/from the Tx and Rx registers and initiates the 
modulation on the twisted pair. MSI should be roughly 
leading-edge aligned with TDC and RDC. 


SIE — SIGNAL INSERT ENABLE 


This pin, when held high, inserts signal bit 2 received from 
the slave into the LSB of the outgoing PCM word at Tx and 
will ignore the SI2 pin and use in its place the LSB of the in- 
coming PCM word at Rx for transmission to the slave. The 
PCM word to the slave will have its LSB forced low in this 
mode. In this manner, signal bit 2 to/from the slave DLT is 
inserted into the PCM words the master sends and receives 
from the backplane for routing through the PABX for 
simultaneous voice/data communication. 


TE1 — TRANSMIT DATA ENABLE 1 INPUT 


This pin controls the outputting of data on the Tx pin. A 
positive edge on TE1 will output data on the Tx pin during 
the following eight high periods of TDC, changing Tx data 
on the rising edges of TDC. TE1 is also a high-impedance 
control of the Tx pin. If MSI occurs during this period, new 
data will be transferred to the Tx output register in the ninth 
high period of TDC after TE1 rises; otherwise, it will transfer 
on the rising edge of MSI. TE1 and TDC should be roughly 
leading-edge aligned. 


Tx — TRANSMIT DATA OUTPUT 


This high-impedance output pin presents new voice data 
during the high periods of TDC when TE1 is high (see TE1). 


CCl — CONVERT CLOCK INPUT 

A 2.048 MHz clock signal should be applied to this pin. 
This signal is appropriately divided down for internal use. 
This signal should be coherent with MSI for optimum perfor- 
mance but may be asynchronous if slightly worse error rate 
performance can be tolerated. 


TDC — TRANSMIT DATA CLOCK INPUT 

This pin is the transmit data clock and can be 64 kHz to 
2.56 MHz. Data is output at Tx while TE1 is high on the eight 
high periods of TDC after TE1 first goes high. TDC and MSI 
should be roughly leading-edge aligned. 


RDC — RECEIVE DATA CLOCK INPUT 

Data on the Rx pin is loaded into the receive register of the 
DLT and on the eight falling edges of this clock after a posi- 
tive transition on the RE1 pin. This clock can be 64 kHz to 
2.56 MHz in frequency and should be roughly leading-edge 
aligned with MSI. 


Rx — RECEIVE DATA INPUT 


Voice data is clocked into the DLT from this pin on the fall- 
ing edges of RDC under the control of RE1. 


RE1 — RECEIVE DATA ENABLE 1 INPUT 

A rising edge on this pin will enable data on the Rx pin to 
be loaded into the receive data register on the next eight fall- 
ing edges of the data clock, RDC. RE1 and RDC should be 
roughly leading-edge aligned. 
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DO — DATA OUTPUT 

This B series output is the square wave MDPSK modula- 
tion waveform to be externally buffered and applied to the 
line. This output is valid only when the MEO output pin is 
high and is undefined while MEO is low. The external line 
driver should drive the line in a tri-level manner, controlled by 
DO and MEO as shown in Figure 4. 


MEO — MODULATION ENABLE OUTPUT 
This pin, when high, defines valid data out of the DO pin. 


MC145419 PIN DESCRIPTIONS 


Vss — NEGATIVE SUPPLY 
This pin is the most negative supply pin, normally O V. 


Vpp — POSITIVE SUPPLY 
Normally 5 V. 


DI — DATA INPUT 

This input to the demodulator circuit should be a squared 
and limited version of the received line signal. (See Figure 3 
for typical line interface circuit.) 


SYN — SYNC INPUT 

This input to the demodulator circuit should be a signal 
which is high when signal energy is detected on the line. 
(See Figure 3 for typical line interface circuit.) 

This signal should be the output of a window comparator 
with a threshold of approximately 40% of the smallest re- 
ceived line signal. 


LB — LOOP-BACK CONTROL 


When this pin is held low (the DLT is receiving transmis- 
sions from the master) and PD is high, the DLT will output 
the demodulated data normally but will use this data in place 
of the Rx data in the return burst back to the master, thereby 
looping the part back on itself for system testing. SI1 and S12 
operate normally in this mode. If TE is high while LB is high, 
the PCM tone will be output normally and does not interfere 
with the loop back operation. 


VD — VALID DATA OUTPUT 


A high on this pin indicates that a valid line transmission 
has been demodulated. A valid transmission is determined 
by proper sync and the absence of detected bit errors. VD 
changes state on the leading edge of TE1. If no transmis- 
sions from the master have been received in the last 250 ps 
(derived from the internal oscillator), VD will go low without 
TE1 rising since TE1 is not generated in the absence of 
received transmissions from the master (see TE pin descrip- 
tion for the one exception to this). 


Si1, SI2 — SIGNALING BIT INPUT 


Data on these pins is loaded on the rising edge of TE1 for 
transmission to the master. If no transmissions from the 
master are being received and PD is high, data on these pins 
will be loaded into the part on an internal signal. Therefore, 
data on these pins should be steady until synchronous com- 
munication with the master has been established, as indi- 
cated by a high on VD. 
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SO1, SO2 — SIGNALING BIT OUTPUT _ 


These outputs are the received signaling bits from the 
master DLT and change state on the rising edge of TE1. 
These outputs have standard B-series CMOS drive capa- 
bility. 


PD — POWER-DOWN INPUT/OUTPUT 


This is a bidirectional pin with weak output drivers such 
that it can be overdriven externally. When held low, the DLT 
is powered down and the only active circuitry is that which is 
necessary for demodulation, TE1/RE1/Clk generation upon 
demodulation, and the outputting of the voice, auxiliary, and 
signaling data bits. When held high, the DLT is powered up 
and transmits normally in response to received transmissions 
from the master. If no received bursts from the master have 
occurred or fail to occur when powered up for the last 250 us 
(derived from the internal oscillator frequency), the DLT will 
generate a free running 125 mus clock from the internal 
oscillator and will burst a transmission to the master every 
other internal 125 ys clock using data on the S11 and SI2 pins 
and the last data word loaded in on the Rx pin. The weak 
output drivers will try to force PD high when a transmission 
from the master is demodulated and will try to force it low if 
250 ws Nave passed without a transmission from the master. 
This allows the slave DLT to self power up and down in de- 
mand powered-loop systems. 


TE — TONE ENABLE INPUT 


A high on this pin generates a 500 Hz square wave PCM 
tone and inserts it in place of the demodulated voice PCM 
word from the master for outputting on the Tx pin to the 
telset mono-circuit. Since TE1 and Clk are usually only 
generated when the DLT is receiving transmissions from the 
master, a high on TE will generate these signals from the 
internal oscillator when the slave is not receiving bursts from 
the master so that the PCM square wave can be loaded into 
the mono-circuit. This feature allows the user to provide 
audio feedback for telset keyboard depressions, etc. 


TE1 — TRANSMIT DATA ENABLE OUTPUT 


This is a standard B-series CMOS output which goes high 
after the completion of demodulation of an incoming 
transmission from the master. It remains high for 8 Clk 
periods and then low until the next burst from the master is 
demodulated. While high, the voice data just demodulated is 
output on the first eight rising edges of Clk at the Tx pin. The 
signaling data just demodulated is output on SO1 and SO2 
on TE1's rising edge, as is VD. 


Tx — TRANSMIT DATA OUTPUT | 

This is a standard B-series output. Voice data is output on 
this pin on the rising edges of Clk while TE1 is nigh ‘and is 
high impedance when TE1 is low. 


X1 — CRYSTAL INPUT _ 

A 4.096 MHz crystal is tied between this pin and X2. A 10 
megohm resistor across X1 and X2 and 25 pF capacitors 
from X1 and X2 to Vss are required for stability and to in- 
sure start-up. X1 may be driven by an external CMOS clock 
signal if X2 is left open. 
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X2 — CRYSTAL OUTPUT (SEE X1) . 


This pin is capable of driving one external CMOS input and 
15 pF of additional load capacitance. 


Cik — CLOCK OUTPUT | 

This is a standard B-series output which provides the data 
clock for the telset mono-circuit. It is generated by dividing 
the oscillator down to 128 KHz and starts upon the comple 
tion of demodulation of an incoming burst from the master. 
At this time, Clk begins and TE1 goes high. Clk will remain 
active for 16 periods, at the end of which it will remain low 
until another transmission from the master is demodulated. 
In this manner, sync from the master is established in the 
slave and any clock slip between the master and the slave is 
absorbed each frame. Normally, Clk is generated only in 
response to an incoming burst from the master; however, if 
TE is brought high, then Clk and TE1/RE1 are generated and 
free run until this pin is brought low or an incoming burst 
from the master is received. __ 


Rx — RECEIVE DATA INPUT 


Voice data from the telset mono-circuit is input on this pin 
on the first eight falling edges of Clk when RE1 goes high. 


Mu/A - TONE DIGITAL FORMAT INPUT 
This pin determines if the PCM code of the 500 Hz square 


wave tone, generated when TE is high, is D3 (Mu/A= 1) or 
CCITT (Mu/A=0) format. 


RE1 — RECEIVE DATA ENABLE OUTPUT 


This is a standard B-series CMOS output which is the in- 
verse of TE1 when bursts are being received, otherwise it is 
low, as in TE1 (see TE). . bis4 


DO — DATA OUTPUT 


This B series output is the square wave MDPSK modula- 
tion waveform to be externally buffered and applied to the 
line. This output is valid only when the ME output pin is high 
and is undefined while ME is low. The external line driver 
should drive the line in a tri-level manner, controlled by DO 
and ME as shown in Figure 4. 


MEO _ - MODULATION ENABLE OUTPUT 
This pin, when: high, defines valid data out of the DO pin. 


BACKGROUND 


The MC145418 and MC145419 DLT transceiver ICs’ main 
function is to bidirectionally transmit the digital signals pre- 
sent at a codec/filter-digital PABX backplane interface over 
normal telephone wire pairs. This allows the remoting of the 
mono-circuit in a digital telephone set and enables each set 


to have a high speed data access to the PABX switching. 


facility. In effect, the DLT allows each PABX subscriber 
direct access to the inherent 64 kilobits per second data 
routing capabilities of the PABX. 

The DLT provides a means for transmitting and receiving 
64 kbps of voice data and 16 kbps of signaling data in 2 wire 
format over normal telephone twisted pairs. The DLT has 
two basic operating modes: master and slave. The master 
DLT replaces the codec/filter and SLIC on the PABX line 


card, and transmits and receives data over the wire pair to 
the telset. The DLT appears to the line card and backplane as 
if it were a PCM codec/filter and has almost the same digital 
interface features as the MC14400 series mono-circuits. The 
slave DLT is located in the telset and interfaces the mono- 
circuit to the wire pair. By hooking two DLTs back-to-back, 
a repeater can also be formed. The master and slave DLTs 
operate in a frame synchronous manner, sync being estab- 
lished at the slave by the timing of the master’s transmis- 
sions each frame over the twisted pairs to the slave. The 
master’s sync is derived from the PABX frame sync. 

The UDLT operates using one twisted pair. Eight bits of 
voice data and two bits of signaling data are transmitted and 
received each frame in a half duplex manner; i.e., the slave 
waits until the transmission from the master is completely 
received before transmitting back to the master. Transmis- 
sion occurs at 256 kHz bit rate using a modified form: of 
square wave DPSK. This ‘‘ping pong’ mode will allow 
transmission of data at distances of 2 km before turnaround 
delay becomes a problem. The DLT is so defined as to allow 
this data to be handled by the line card, backplane, and 
PABX as if it were just another voice conversation. This 
allows the existing PABX hardware and software to be un- 
changed and yet provides switched 64 kbps voice or data 
communication throughout its service area by simply replac- 
ing a subscriber's line card and telset. A feature in the master 
allows one of the two signal bits to and from the slave to be 
inserted and extracted from the backplane PCM word to 
allow simultaneous voice and data transmission through the 
PABX. ; | | 

The slave DLT has the additional feature of providing a 500 
Hz Mu or A law coded square wave to the mono-circuit 
when the TE pin is brought high. This is used to provide 
audio feedback in the telset during keyboard depressions. 


CIRCUIT DESCRIPTION 


GENERAL 


_ The DLT consists of a modulator, demodulator, two inter- 
mediate data buffers, sequencing and control logic, and Tx 
and Rx data registers. The data registers interface to the line 
card or mono-circuit digital interface signals, the modulator 
and demodulator interface the twisted pair transmission 
medium, while the intermediate data registers buffer data 
between these two sections. The DLT is intended to operate 
on a5 V to 8 V single supply and can be driven by TTL or 
CMOS logic. 


MASTER MODE OPERATION 


In the master mode of operation, data from the line card i is 
loaded into the Rx register each frame from the Rx pin under 
the control of the RDC clock and the receive data enable, 
RE1. RE1 controls loading of what will be henceforth refer- 
red to as the voice data word. Each MSI, these words are 
transferred out of the Rx register to the transmit data buffer 
for subsequent modulation onto the line. The transmit data 
buffer takes the received voice data word and the two signal- 
ing data input bits on SI1, SI2 loaded on the MSI transition 
and formats the 10 bits into a specific order. This data field is 
then transmitted in a 256 kHz DPSK burst onto the line to the 
remote slave DLT. 


2-286 


MC145418, MC145419 


Upon demodulating the return burst from the slave, the 
decoded data is transferred to the receive buffer and the 
signaling bits are stripped ready to be outputted on SO1 and 
SO2 at the next MSI. The voice data word is loaded into the 
Tx output register as described in the TE1 pin description for 
outputting via the Tx pin at the TDC rate under the control of 
TE1. VD is output on the rising edge of MSI. Timing 
diagrams for the master are shown in Figure 1. 


SLAVE MODE OPERATION 


In normal slave mode operation, the main synchronizing 
event is the detection of an incoming line transmission from 
the master as indicated by the completion of demodulation. 
When an incoming burst from the master is demodulated, 
several events occur. As in the master mode, data Is transfer- 
red from the demodulator to the receive data buffer and the 
signaling bits stripped for outputting at SO1 and SOQ2. Data 
in the Rx register is transferred to the transmit data buffer. 
TE1 goes high loading in data at SI1 and S12, which will be 
used in the transmission burst to the master along with the 
data in the transmit data buffer, and outputting SO1, SO2, 
and VD. Modulation of this burst begins four bit periods 
after the completion of demodulation. 

Voice data is output to the telset mono-circuit on the Tx 
pin from the Tx register while TE1 is high on the rising edges 
of the 128 kHz data clock output on Clk. On the ninth rising 
edge of Clk, TE1 goes low, RE1 goes high, and voice data 
from the mono-circuit is input to the Rx register from the Rx 
pin on the next eight falling edges of Clk. RE1 is the inverse 
of TE1 and is provided to facilitate interface to the mono- 
circuit. . 

The 128 kHz clock is formed by dividing down the 4.096 
MHz crystal frequency by 32. Slippage between the frame 
rate of the master, as represented by the completion of 
demodulation of an incoming transmission from the master, 
and the crystal frequency is absorbed by holding the 16th 
low period of Clk low until the next completion of demodula- 
tion. This is shown in the slave DLT timing diagram of Figure 
2. 


POWER-DOWN OPERATION 


In the master, when PD is low, the DLT is powered down 
and only that circuitry necessary to demodulate the incoming 
bursts from the slave and output the signaling and VD data 
bits is active. In this mode, if the DLT receives a burst from 
the slave, the SO1, SO2, and VD pins will change state upon 
the completion of the demodulation instead of on MSI, and 
will not change until either three positive MSI edges have oc- 
curred without reception of a burst from the slave or until a 
burst is demodulated, whichever occurs first. 

When PD is brought high, the DLT will wait either for 
three MSI positive edges or until the end of the demodula- 
tion of an incoming burst before transmitting to the slave 


_ shortly after the next MSi rises. The data for the first 


transmission to the slave after power up is loaded into the 
DET during the RE1 period prior to the burst in the case of 
voice, and. on the present rising edge of MSI for signaling 


_ data. 


In the slave, PD is a bidirectional pin with weak output 
drivers such that it can be overdriven externally. When held 
low, the DLT is powered down and only that circuitry 
necessary for demodulation, TE1/RE1/Clk generation upon 
demodulation, and the outputting of the voice and signaling 
data bits is active. When held high, the DLT is powered up 
and transmits normally in response to received transmissions 
from the master. If no bursts have been received from the 


. master within 250 ys after power up (derived from the inter- 


nal oscillator frequency), the DLT generates an internal 
125 ps free-running clock from the internal oscillator. It then 
bursts a transmission to the master every other 125 us clock 
period using data loaded into the Rx pin during the last 
TE1/Clk/RE1 period and SI1, SI2 data loaded in on the 
125 ps internal clock edge. The weak output drivers will try 
to force PD high when a transmission from the master is 
demodulated and will try to force it low if 250 ws have passed 
without a transmission from the master. This allows the 
slave DLT to self power up and down in demand powered- 
loop systems. 
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FIGURE 1 — MASTER DLT TIMING 
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FIGURE 2 — SLAVE DLT TIMING 
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FIGURE 3 — TYPICAL DLT LINE INTERFACE 
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FIGURE 5 — TYPICAL DLT LINE INTERFACE 
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Advance Information 


UNIVERSAL DIGITAL LOOP TRANSCEIVERS (UDLT) 


CMOS LSI 


(LOW POWER COMPLEMENTARY MOS) 


UNIVERSAL DIGITAL-LOOP 
TRANSCEIVERS 

The MC145422 and MC145426 UDLTs are high-speed data trans- 
ceivers that provide 80 kilobits per second duplex data communication 
over 26 AWG and larger twisted pair cable up to 2 kilometers in 
distance. Intended for use primarily in digital subscriber voice/data 
telephone systems, these devices can also be used in remote data ac- 
quisition and control systems. These devices utilize a 256 kilobaud 
DPSK burst modulation technique for transmission to minimize 
RFI/EMI and crosstalk. Simultaneous power distribution and duplex 
data communication are obtained using a single twisted pair of wire. 

These devices are designed for compatibility with existing, as well as 
evolving, telephone switching hardware and software architectures. 

Two basic versions of the UDLT are available: the MC145422 master 
UDLT for use at the telephone switch line card and the MC145426 slave 
UDLT for use at the remote digital telset and/or data terminal. 

The devices employ CMOS technology in order to take advantage of 
its reliable low-power operation and proven capability for complex 
analog/ digital LSI functions. 

@ Provides Synchronous Duplex 64 Kilobits per Second Voice/Data 
Channel and Two 8 Kilobits per Second. Signaling Data Channels 
Over One 26 AWG Wire Pair Up to 2 Kilometers 
Compatible with Existing and Evolving Telephone Switch 
Architectures and Call Signaling Schemes 
Automatic Detection Threshold Adjustment for Optimum 
Performance Over Varying Signal Attenuations 
Protocol Independent 


Single 5 V to 8 V Power Supply 


MC145422 Master UDLT 
@ 22 Pin Package 
@ Pin Controlled Power-Down and Loop-Back Features 


@ Signaling and Control I/O Capable of Sharing Common Bus 
Wiring with Other UDLTs 


@ Variable Data Clock — 64 kHz to 2.56 MHz 


@ Pin Controlled Insertion/ Extraction of 8 Kilobits/Second Channel 
into LSB of 64 Kilobits/Second Channel for Simultaneous 
Routing of Voice and Data Through PCM Voice Path o 
Telephone Switch 


MC145426 Slave UDLT 
@ 22 Pin Package 
@ Compatible with MC14400 Series PCM Mono-Circuits 
@ Pin Controlled Loop-Back Feature 
@ Automatic Power-Up/Down Feature 
@ On-Chip Data Clock Recovery and Generation 


@ Pin Controlled 500 Hz D3 or CCITT Format PCM Tone 
Generator for Audible Feedback Applications 





L SUFFIX 
CERAMIC PACKAGE 
CASE 736 


PIN ASSIGNMENTS 


RE1 

Rx 
TDC/RDC 
CCl 


Tx 
TE1 
- SIE 





This document contains information on a new product. Specifications and information herein 
are subject to change without notice. 
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MASTER UDLT BLOCK DIAGRAM 
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MAXIMUM RATINGS (Voltage Referenced to Vss) — = 


| 
DC Current, Any Pin (Excuding Vpp.Vss)__——SSCSCSCSCSCSCSCSCSCS did 















Operating Temperture TA 


4348 


Storage Temperature 


RECOMMENDED OPERATING CONDITIONS (T, =0 to 70°C) | 

















CSS avanti Min Max Unit 
| 
[Power Dissipation (PD=Vop.Vpp=8M YE Cit 
[Power Dissipation (PD=Vss, TE=Ves)SCSCSCSCSCSCSCSCSCSS ST YT 
[Frame Rate (Master) MS 8 KHz 
-Master-Slave Frame Rate Sip (Wore) SSCS SS Sd —*Y«Ci 
[CCI Giock Frequency (MSI=BKH cd «2088 
[Data Clock Rate (Maste)SSCSSCSCSOCSSSSCOCSCSCSTSCSCSCSSYSC, ROT HBO 
Modulation Baud Rate (MSI =8 kHz) Lo1,L02,  { — | 256 | kHz | 
ae L = [xtai/16 [Note 2 | 





DIGITAL CHARACTERISTICS (Vpp=455 V to 8.5 V, Ta=0 to 70°C) 
Parameter 
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Input High Level 
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Input Current (Except L!= + 100 pA) 


Input Capacitance 
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Tx Output High Current (Master) 


PD Output High Current (Slave) : . ae | | VOH=3.5V 


Output Low Current 
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Tx Output Low Current (Master) | | VoL=0.4V 
ed VoL =0.8V 


PD Output Low Current (Slave) . VoL=1.5V 
Tx Input Impedance (TE1=Vss, Master) 
Crystal Frequency (Slave) (See Note 1) - 
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ANALOG CHARACTERISTICS (Vpp =4.5 V to 8.5 V, Ta=0 to 70°C) | 


a 8 Parameton | Pin 
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Modulation Differential Amplitude (Vpp =5 V, RL = 440 Q) - LO1, LO2 
Modulation Differential DC Offset LO1, LO2 


Second Harmonic Distortion , Mark 









LO1, LO2 
Space 


Demodulator Data Threshold ; oe a : LI1, LI2 —2 
Demodulator Error Rate (S/N=40 dB) = ool ; eae] 
Demodulator Input Impedance . LI1, LI2 
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x 3 3/5 


o 
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NOTES: 1. The slave's crystal frequency divided by 512 must equal the master’s MSI frequency +0.25% for optimum operation. 
2. Assumes crystal frequency of 4.096 MHz. 
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MC145422 SWITCHING CHARACTERISTICS (Vpp=4.5 to 5.5 V, Ta=0 to 70°C, Cy=10 pF 


~_ Parameter re [Symbol _[ vin [wir [Oa 
cate Teese ae 
a ae Se 
Pulse Width TDC, RDC, TE1, RE1, CCI, MSI 90 ed ns 
Data Clock Frequency TDC, RDC 2560 | kHz 


Propagation Delay Times 
MSI to SO1, SO2 





MSI to Tx, TE1=Vpp MC145422 
TDC to Tx, TE1=Vpp | MC145422 
TEI to Tx, TOC=Vpp MC 145422 


MSI to RDC Setup Time 
MSI to TDC Setup Time; TE1/RE1 to TDC/RDC Setup Time 
Rx to RDC Setup and Hold Times 


SIT, SI2 to MSI Setup and Hold Times 


crEE= iki 
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MC145426 SWITCHING CHARACTERISTICS (Vpp =4.5 to 5.5 V, Ta=0 to 70°C, CL=10 pF 


Parameter | Symbol { Min | 
Input Rise Time All Digital Inputs ee es 
input Fall Time All Digital Inputs | ote of 
Clock Output Pulse Width Clk tw(H) 
: twiL) 3.8 
Crystal Frequency (MSI=8 kHz) .10624 | MHz 


Propagation Delay Times (Relative to a 4.096 MHz clock) 
Clock to TE1 (Note 1) 
Clock to RE1 (Note 2) 
Clock to Tx 
TE1 to SO1, SO2 . 


Rx to Clock Setup and Hold Time 


thi 
th2 
NOTES: 1. The rising edge of TE1 leads the rising edge of Clk by 488 ns when synchronization with the master is achieved. The falling edge 


of TE1 is aligned with the rising edge of Clock. 
2. The falling edge of RE1 leads Clk by 488 ns when synchronization with the master is achieved. RE1 is the inverse of TE1. 





ns 


$l1, SI2 to TE1 Setup and Hold Time ns 


aca 
ae 
a oe 
4.0 ps 
4.0 
4.10624 | MHz | 
ns 
0 
0 
90 
90 
20 
60 
60 
60 
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_ TIMING DIAGRAMS | 
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MC145422 PIN DESCRIPTIONS 
Vpp — POSITIVE SUPPLY 
Normally 5 V. 


Vss — NEGATIVE SUPPLY 
This pin is the most negative supply pin, normally 0 V. 


Vref — REFERENCE OUTPUT 

This pin is the output of the internal reference supply and 
should be bypassed to Vpp and VSs by 0.1 pF capacitors. 
No external dc load should be placed on this pin. 


LI — LINE INPUT 


This input to the demodulator circuit has an internal 
100 kQ resistor tied to the internal reference node so that an 
external capacitor and/or line transformer may be used to 
couple the input signal to the part with no dc offset. 


LB — LOOP-BACK CONTROL 


A low on this pin disconnects the LI pin from internal cir- 
cuitry, drives LO1, LO2 to Vref and internally ties the 
modulator output to the demodulator input which loops the 
part on itself for testing in the system. The state of this pin is 
internally latched if the SE pin is brought and held low. This 
feature is active only when PD is high. 


VD — VALID DATA OUTPUT 


A high on this pin indicates that a valid line transmission 
has been demodulated. A valid transmission is determined 
by proper sync and the absence of detected bit errors. VD 
changes state on the leading edge of MSI when PD is high. 
When PD is low, VD changes state at the end of demodula- 
tion of a line transmission and doesn’t change again until 
either three MSI positive edges have occurred without a 
transmission being received, at which time it goes low, or 
until the next demodulation of a line transmission. VD is a 
standard B-series CMOS output. VD is high impedance 
when SE is held low. 


Sl1, SI2 — SIGNALING BIT INPUT 


Data on these pins is !caded on the rising edge of MSI for 
transmission to the slave. The state of these pins is internally 
latched if SE is held low. 


$01, SO2 — SIGNALING BIT OUTPUT 


These outputs are the received signaling bits from the 
slave UDLT and change state on the rising edge of MS| if PD 
is high, or at the completion of demodulation if PD is low. 
These outputs have standard B-series CMOS drive capability 
and are high impedance if the SE pin is held low. 


SE — SIGNAL ENABLE INPUT 

If held high, the PD, LB, SI1, and SI2 inputs and SO1, 
S02, and VD outputs function normally. If held low, the 
state of these inputs is latched and held internally while the 
outputs are high impedance. This allows these pins to be 
bussed with those of other UDLTs to a common controller. 
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PD — POWER-DOWN INPUT 

If held low, the UDLT powers down. In power down, the 
only active circuitry is that which is necessary to demodulate 
an incoming burst and output the signal and the valid data 
bits. When brought high, the UDLT powers up, and waits 
three positive MSI edges or until the end of an incoming 
transmission from the slave UDLT and begins transmitting 
every MSI period to the slave UDLT on the next rising edge 
of MSI. 


MSI — MASTER SYNC INPUT 

This pin is the system sync and controls the transfer of 
data to/from the Tx and Rx registers and initiates the 
modulation on the twisted pair. MSI should be roughly 
leading-edge aligned with TDC and RDC. 


SIE — SIGNAL INSERT ENABLE 

This pin, when held high, inserts signal bit 2 received from 
the slave into the LSB of the outgoing PCM word at Tx and 
will ignore the S!2 pin and use in its place the LSB of the in- 
coming PCM word at Rx for transmission to the slave. The 
PCM word to the slave will have its LSB forced low in this 
mode. In this manner, signal bit 2 to/from the slave UDLT is 
inserted into the PCM words the master sends and receives 
from the backplane for routing through the PABX for 
simultaneous voice/data communication. 


TE1 — TRANSMIT DATA ENABLE 1 INPUT 


This pin controls the outputting of data on the Tx pin. A 
positive edge on TE1 will output data on the Tx pin during 
the following eight high periods of TDC, changing Tx data 
on the rising edges of TDC. TE1 is also a high-impedance 
control of the Tx pin. If MSI occurs during this period, new 
data will be transferred to the Tx output register in the ninth 
high period of TDC after TE1 rises; otherwise, it will transfer 
on the rising edge of MSI. TE1 and TDC should be roughly 
leading-edge aligned. 


Tx — TRANSMIT DATA OUTPUT 
This high-impedance output pin presents new voice data 
during the high periods of TDC when TE1 is high (see TE1). 


CCl — CONVERT CLOCK INPUT . 

A 2.048 MHz clock signal should be applied to this pin. 
This signal is appropriately divided down for internal use. 
This signal should be coherent with MSI for optimum perfor- 
mance but may be asynchronous if slightly worse error rate 
performance can be tolerated. 


TDC — TRANSMIT DATA CLOCK INPUT 

This pin is the transmit data clock and can be 64 kHz to 
2.56 MHz. Data is output at Tx while TE1 is high on the eight 
high periods of TDC after TE1 first goes high. TDC and MSI 
should be roughly leading-edge aligned. 
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RDC — RECEIVE DATA CLOCK INPUT 


Data on the Rx pin is loaded into the receive register of the 
UDLT and on the eight falling edges of this clock after a 
positive transition on the RE1 pin. This clock can be 64 kHz 
to 2.56 MHz in frequency and should be roughly leading- 
edge aligned with MSI. 


Rx — RECEIVE DATA INPUT 


Voice data is clocked into the UDLT from this pin on the 
falling edges of RDC under the control of RE1. 


RE1 — RECEIVE DATA ENABLE 1 INPUT. 


A rising edge on this pin will enable data on the Rx pin. to 
be loaded into the receive data register on the next eight fall- 
ing edges of the data clock, RDC. RE1 and RDC should be 
roughly leading-edge aligned. 


LO1, LO2 — LINE DRIVER OUTPUTS 


These outputs drive the twisted pair line with 256 kHz 
modified DPSK bursts each frame and are push-pull. These 
pins are driven to Vref when not modulating the line. 


MC145426 UDLT PIN DESCRIPTIONS 


Vpp — POSITIVE SUPPLY 
Normally 5 V. 


Vss — NEGATIVE SUPPLY 
This pin is the most negative supply pin, normally 0 V. 


Vref — REFERENCE OUTPUT 
This pin is the output of the internal reference supply and 


should be bypassed to Vpp and Vss by 0.1 yf capacitors. © 


No external dc load should be placed on this pin. 


LI — LINE INPUT 


This input to the demodulator circuit has an internal 100 k 
resistor tied to the internal reference node (Vref) so that an 
external Capacitor and/or line transformer may be used to 
couple the line signal to the part with no dc offset. 


LB — LOOP-BACK CONTROL 


When this pin is held low (the UDLT is receiving transmis- 
sions from the master) and PD is high, the UDLT will output 
the demodulated data normally but will use this data in place 
of the Rx data in the return burst back to the master, thereby 
looping the part back on itself for system testing. SI1 and S12 
operate normally in this mode. If TE is high while LB is high, 
the PCM tone will be output normally and does not interfere 
with the loop back operation. The Clk output will be forced 
low when the loop back function is activated. 


VD — VALID DATA OUTPUT 


A high on this pin indicates that a valid line transmission 
has been demodulated. A valid transmission is determined 
by proper sync and the absence of detected bit errors. VD 
changes state on the leading edge of TE1. If no transmis- 
sions from the master have been received in the last 250 ps 
(derived from the internal oscillator), VD will go low without 
TE1 rising since TE1 is not generated in the absence of 
received transmissions from the master (see TE pin descrip- 
tion for the one exception to this). 
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Sl1, SI2 — SIGNALING BIT INPUT 


Data on these pins is loaded on the rising edge of TE1 for 
transmission to the master. If no transmissions from the 
master are being received and PD is high, data on these pins 
will be loaded into the part on an internal signal. Therefore, 
data on these pins should be steady until synchronous com- 
munication with the master has been established, as in- 
dicated by a high on VD. 


$01, SO2 — SIGNALING BIT OUTPUT 


These outputs are the received signaling bits from the 
master UDLT and change state on the rising edge of TE1. 
These outputs have standard B-series CMOS drive capabili- 
ty. 


PD — POWER-DOWN INPUT/OUTPUT 


This is a bidirectional pin with weak output drivers such 
that it can be overdriven externally. When held low, the 
UDLT is powered down and the only active circuitry is that 
which is necessary for demodulation, TE1/RE1/Cik genera- 
tion upon demodulation, and the outputting of the voice, 
auxiliary, and signaling data bits. When held high, the UDLT 
is powered up and transmits normally in response to received 
transmissions from the master. If no received bursts from the 
master have occurred or fail to occur when powered up for 
the last 250 ys (derived from the internal oscillator 
frequency), the UDLT will generate a free running 125 ps 
clock from the internal oscillator and will burst a transmission 
to the master every other internal 125 ps clock using data on 
the S!1 and S12 pins and the last data word loaded in on the 
Rx pin. The weak output drivers will try to force PD high 
when a transmission from the master is demodulated and 
will try to force it low if 250 ws have passed without a 
transmission from the master. This allows the slave UDLT to 
self power up and down in demand powered-loop systems. 


TE — TONE ENABLE INPUT 


A high on this pin generates a 500 Hz square wave PCM 
tone and inserts it in place of the demodulated voice PCM 
word from the master for outputting on the Tx pin to the 
telset mono-circuit. Since TE1 and Clk are usually only 
generated when the UDLT is receiving transmissions from 
the master, a high on TE will generate these signals from the 
internal oscillator when the slave is not receiving bursts from 
the master so that the PCM square wave can be loaded into 
the mono-circuit. This feature allows the user to provide 
audio feedback for telset keyboard depressions, etc. When 
in the powered down mode of operation, the first activation 
of TE will activate the 128 kHz Clk output. The Clk will con- 
tinue to be output until the slave is powered up, synchroniza- 
tion with the master is achieved and the slave subsequently 
powered down. 


TE1 — TRANSMIT DATA ENABLE OUTPUT 


This is a standard B-series CMOS output which goes high 
after the completion of demodulation of an incoming -trans- 
mission from the master. It remains high for 8 Clk periods 
and then low until the next burst from the master is 
demodulated. While high, the voice data just demodulated is 
output on the first eight rising edges of Clk at the Tx pin. The 
signaling data just demodulated is output on SO1 and SO2 
on TE1's rising edge, as is VD. The rising edge of TE1 will 
lead the Clk signal by approximately 488 ns, when syn- 
chronization with the master is achieved. 
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Tx — TRANSMIT DATA OUTPUT 


This is a standard B-series ouput. Voice data is output on 
this pin on the rising edges of Clk while TE1 is high and is 
high impedance when TE1 is low. 


X1 — CRYSTAL INPUT 


A 4.096 MHz crystal is tied between this pin and X2. A 10 
megohm resistor across X1 and X2 and 25 pF capacitors 
from X1 and X2 to Vss are required for stability and to in- 
Sure Start-up. X1 may be driven by an external CMOS clock 


Vn 


signal if XZ is ieft open. 


X2 — CRYSTAL OUTPUT (SEE X1) 


This pin is capable of driving one external CMOS input and 
15 pF of additional load capacitance. 


Clk — CLOCK OUTPUT 


This is a standard B-series output which provides the data 
clock for the telset mono-circuit. It is generated by dividing 
the oscillator down to 128 kHz and starts upon the comple- 
tion of demodulation of an incoming burst from the master. 
At this time, TE1 begins and Clk goes high. Clk will remain 
active for 16 periods, at the end of which it will remain low 
until another transmission from the master is demodulated. 
In this manner, sync from the master is established in the 
slave and any clock slip between the master and the slave is 
absorbed each frame. Normally, Clk is generated only in 
response to an incoming burst from the master; however, if 
TE is brought high, then Clk and TE1/RE1 are generated and 
free run until this pin is brought low or an incoming burst 
from the master is received. The Clk will continue to be out- 
put following the activation of the TE pin if the slave is 
powered down. 


Rx — RECEIVE DATA INPUT 


Voice data from the telset mono-circuit is input on this pin 
on the first eight falling edges of Clk when RE1 goes high. 


Mu/A — TONE DIGITAL FORMAT INPUT 


This pin determines if the PCM code of the 500 Hz square 
wave tone, generated when TE is high, is D3 (Mu/A=1) or 
CCITT (Mu/A=0) format. 


RE1 — RECEIVE DATA ENABLE OUTPUT 


This is a standard B-series CMOS output which is the in- 
verse of TE1 (see TE1). 


LO1, LO2 — LINE DRIVER OUTPUTS 


These outputs drive the twisted pair line with 256 kHz 
modified DPSK bursts each frame and are push-pull. These 
pins are driven to Vref when the device is not modulating. 


BACKGROUND 


The MC145422 and MC145426 UDLT transceiver ICs’ main 
function is to bidirectionally transmit the digital signals pre- 
sent at a codec/filter-digital PABX backplane interface over 


normal telephone wire pairs. This allows the remoting of the 
mono-circuit in a digital telephone set and enables each set 
to have a high speed data access to the PABX switching 
facility. In effect, the UDLT allows each PABX subscriber 
direct access to the inherent 64 kilobits per second data 
routing capabilities of the PABX. 

The UDLT provides a means for transmitting and receiving 
64 kbps of voice data and 16 kbps of signaling data in 2 
wire format over normal telephone twisted pairs. The UDLT 
has two basic operating modes: master and slave. The 
master UDLT replaces the codec/filter and SLIC on ihe 
PABX line card, and transmits and receives data over the 
wire pair to the telset. The UDLT appears to the line card and 
backplane as if it were a PCM codec/ filter and has almost the 
same digital interface features as the MC14400 series mono- 
circuits. The slave UDLT is located in the telset and inter- 
faces the mono-circuit to the wire pair. By hooking two 
UDLTs back-to-back, a repeater can also be formed. The 
master and slave UDLTs operate in a frame synchronous 
manner, sync being established at the slave by the timing of 
the master’s transmissions each frame over the twisted pairs 
to the slave. The master’s sync is derived from the PABX 
frame sync. 

The UDLT operates using one twisted pair. Eight bits of 
voice data and two bits of signaling data are transmitted and 
received each frame in a half duplex manner; j.e., the slave 
waits until the transmission from the master is completely 
received before transmitting back to the master. Transmis- 
sion occurs at 256 kHz bit rate using a modified form of 
DPSK. This “ping pong’’ mode will allow transmission of 
data at distances of 2 km before turnaround delay becomes a 
problem. The UDLT is so defined as to allow this data to be 
handled by the line card, backplane, and PABX as if it were 
just another voice conversation. This allows the existing 
PABX hardware and software to be unchanged and yet pro- 
vides switched 64 kbps voice or data communication 
throughout its service area by simply replacing a subscriber's 
line card and telset. A feature in the master allows one of the 
two signal bits to and from the slave to be inserted and ex- 
tracted from the backplane PCM word to allow simultaneous 
voice and data transmission through the PABX. All UDLTs 
have a loop-back feature by which the device can be tested 
in the user system. 

The slave UDLT has the additional feature of providing a 
500 Hz Mu or A law coded square wave to the mono-circuit 
when the TE pin is brought high. This is used to provide 
audio feedback in the telset during keyboard depressions. 


CIRCUIT DESCRIPTION 
GENERAL 


The UDLT consists of a modulator, demodulator, two in- 
termediate data buffers, sequencing and control logic, and 
Tx and Rx data registers. The data registers interface to the 
line card or mono-circuit digital interface signals, the 
modulator and demodulator interface the twisted pair 
transmission medium, while the intermediate data registers 
buffer data between these two sections. The UDLT is in- 
tended to operate on a 5 V to 8 V single supply and can be 
driven by TTL or CMOS logic. 
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MASTER MODE OPERATION 


In the master mode of operation, data from the line card is 
loaded into the Rx register each frame from the Rx pin under 
the control of the RDC clock and the receive data enable, 
RE1. RE1 controls loading of what will be henceforth refer- 
red to as the voice data word. Each MSI, these words are 
transferred out of the Rx register to the transmit data buffer 
for subsequent modulation onto the line. The transmit data 
buffer takes the received voice data word and the two signal- 
ing data input bits on SI1, SI2 loaded on the MSI transition 
and formats the 10 bits into a specific order. This data field is 
then transmitted in a 256 kHz DPSK burst onto the line to the 
remote slave UDLT. 

Upon demodulating the return burst from the slave, the 
decoded data is transferred to the receive buffer and the 
signaling bits are stripped ready to be outputted on SO1 and 
SO2 at the next MSI. The voice data word is loaded into the 
Tx output register as described in the TE1 pin description for 
outputting via the Tx pin at the TDC rate under the control of 
TE1. VD is output on the rising edge of MSI. Timing 
diagrams for the master are shown in Figure 1. 


SLAVE MODE OPERATION 


In normal slave mode operation, the main synchronizing 
event is the detection of an incoming line transmission from 
the master as indicated by the completion of demodulation. 
When an incoming burst from the master is demodulated, 
several events occur. As in the master mode, data is transfer- 
red from the demodulator to the receive data buffer and the 
signaling bits stripped for outputting at SO1 and SO2. Data 
in the Rx register is transferred to the transmit data buffer. 
TE1 goes high loading in data at SI1 and S!2, which will be 
used in the transmission burst to the master along with the 
data in the transmit data buffer, and outputting SO1, SO2, 
and VD. Modulation of this burst begins four bit periods 
after the completion of demodulation. 

Voice data is output to the telset mono-circuit on the Tx 
pin from the Tx register while TE1 is highi on the rising edges 
of the 128 kHz data clock output on Clk. On the ninth rising 
edge of Clk, TE1 goes low, RE1 goes high, and voice data 
from the mono-circuit is input to the Rx register from the Rx 
pin on the next eight falling edges of Clk. RE1 is the inverse 
of TE1 and is provided to facilitate interface to the mono- 
Circuit. 

The 128 kHz clock is formed by dividing down the 4.096 
MHz crystal frequency by 32. Slippage between the frame 


rate of the master, as represented by the completion of 
demodulation of an incoming transmission from the master, 
and the crystal frequency is absorbed by holding the 16th 
low period of Clk low until the next completion of demodula- 
tion. This is shown in the slave UDLT timing diagram of 
Figure 2. 


POWER-DOWN OPERATION 


In the master, when PD is low, the UDLT is powered 
down and only that circuitry necessary to demodulate the in- 
coming bursts from the slave and output the signaling and 
VD data bits is active. In this mode, if the UDLT receives a 
burst from the slave, the SO1, SO2, and VD pins will change 
state upon the completion of the demodulation instead of on 
MSI, and will not change until either three positive MSI 
edges have occurred without reception of a burst from the 
slave or until a burst is demodulated, whichever occurs first. 

When PD is brought high, the UDLT will wait either for 
three MSI positive edges or until the end of the demodula- 
tion of an incoming burst before transmitting to the slave 
shortly after the next MSI rises. The data for the first 
transmission to the slave after power up is loaded into the 
UDLT during the RE1 period prior to the burst in the case of 
voice, and on the present rising edge of MSI for signaling 
data. = 

In the slave, PD is a bidirectional pin with weak output 
drivers such that it can be overdriven externally. When held 
low, the UDLT is powered down and only that circuitry 
necessary for demodulation, TE1/RE1/Clik generation upon 
demodulation, and the outputting of the voice and signaling 
data bits is active. When held high, the UDLT is powered up 
and transmits normally in response to received transmissions 
from the master. If no bursts have been received from the 
master within 250 us after power up (derived from the inter- 
nal oscillator frequency), the UDLT generates an internal 
125 us free-running clock from the internal oscillator. It then 
bursts a transmission to the master every other 125 ys clock 
period using data loaded into the Rx pin during the last 
TE1/Cik/RE1 period and SI1, S!2: data loaded in on the 
125 ys internal clock edge. The weak output drivers will try 
to force PD high when a_ transmission from the master is 
demodulated and will try to force it low if 250 ws have passed 
without a transmission from the master. This allows the 
slave UDLT to self power up and down in demand powered- 
loop systems. ; 
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FIGURE 1 — MASTER UDLT TIMING 
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FIGURE 2 — SLAVE UDLT TIMING 
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FIGURE 3 — TYPICAL SIGNAL WAVEFORMS AT DEMODULATOR 
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- FIGURE 4 — TYPICAL BIT ERROR RATE PERFORMANCE vs 
SIGNAL-TO-NOISE RATIO FOR GAUSSIAN NOISE ° 
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FIGURE 5 — TYPICAL MULTICHANNEL DIGITAL LINE CARD 
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FIGURE 6 — BASIC DIGITAL TELSET 


300 to 9600 Baud Async Data Port 
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(AA) MOTOROLA MC145428 


Advance Information 


DATA SET INTERFACE 


The MC145428 Data Set Interface provides asynchronous to syn- 
chronous and synchronous to asynchronous data conversion. It is 
ideally suited for voice/data digital telsets supplying an RS-232 com- 
patible data port into a synchronous transmission link. Other applica- DATA SET INTERFACE 
tions include data multiplexers, concentrators, de-concentrators, data 
rate changers, data only switching, and PBX-based local area networks. 
This low power CMOS device directly interfaces to either the 64 kbps or 
8 kbps data channel of Motorola’s MC145422 and MC145426 Universal 
Digital Loop Transceivers (UDLTs), as well as the MC145418 and 
MC145419 Digital Loop Transceivers (DLTs). 


CMOS LSI 


(LOW-POWER COMPLEMENTARY MOS) 





Provides the Interface Between Asynchronous Data Ports and 
Synchronous Transmission Links L SUFFIX 


Up to 128 kbps Asynchronous Data Rate Operation eke as 
-—0 Up to 2.1 Mbps Synchronous Data Rate Operation 


On-board Bit Rate Clock Generator with Pin Selectable Bit Rates of 
300, 1200, 2400, 4800, 9600, 19200, and 38400 bps or an Externally 
Supplied 16 Times Bit Rate Clock May Be Used 


16 Times Bit Rate Clock Output Provided P SUFFIX 


Accepts Asynchronous Data Words of Eight or Nine Bits in PLASTIC PACKAGE 
Length CASE 738 


False Start Detection Provided 

Automatic Sync Insertion and Checking 
Single 5 Volt Power Supply 

Low Power Consumption of 5 mW Typical 


BLOCK DIAGRAM 


Synchronous 
Channel 
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Data 
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BR1-BR3 Baud 


Rate Control 


ae Generator 


BRCLK 


Synchronous 
Channel 
Receiver 


Data 
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This document contains information on a new product. Specifications and information herein 
are subject to change without notice. 
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ELECTRICAL SPECIFICATIONS - 


MAXIMUM RATINGS (Voltages Referenced to Vss) 











DC Current, Any Pin (Excluding Vpp, Vss) 






Storage Temperature 





DC Supply Voltage Vpp-Vss -05t0o6.0. | V | 
Voltage, Any Pin to Vss -0.5to Vpp +0.5 a ae 
Operating Temperature | tL = 40to +85 TC 

-85to +150 | °C | 


DIGITAL CHARACTERISTICS (Vpp=4.5 to 5.5 V, Ta=0 to 70°C) 


Vit 
Output High Current (Source) — 
VOH=2.5 V A 
VOH=4.6 V 
Output Low Current 
Vo_=0.4V 
Vo_L=0.8 V 
Operating Current 
(DC = 128 kHz, BC=4.096 MHz) 





SWITCHING CHARACTERISTICS (C, =50 pf, Vpp=5 V, Ta=25°C) 


Characteristic 
Baud Clock Bit Rate Frequency 
(BR1, BR2, BR3) = (0,0,0) 
(BR1, BR2, BR3) = non-zero 
Baud Clock Pulse Width 


Data Clock Frequency 
Data Clock Pulse Width 


PIN ASSIGNMENT 
TxS 
TxD 


VDD 
RESET 


DCO 
DOE 
CM 
DC 
DIE 
DCI 
RxS 
RxD 


DL 
BRCLK 
BC 

BRI 

BR2 
BR3 

SB 





VSS 





PIN DESCRIPTIONS 


Vpp, POSITIVE POWER SUPPLY — The most positive 
power supply pin, normally 5 volts. 

Vss, NEGATIVE POWER SUPPLY — The most negative 
supply pin, normally O volts. 

TxD, TRANSMIT DATA. INPUT Input for asyn- 
chronous data. Idle is logic high; break is 11 baud clock or 
more of logic low. One stop bit is required. 

RxD, RECEIVE DATA OUTPUT — Output for asyn- 
chronous data. The number of stop bits and the data word 
length are selected by the SB and DL pins. Idle is logic high; 
break is a continuous logic low level. 

TxS, TRANSMIT STATUS OUTPUT — This pin will go 
low if the transmit FIFO holds 2 or more data words or if 
RESET is low. 

RxS, RECEIVE STATUS OUTPUT — This pin will go low 
if framing of the synchronous channel is lost or not estab- 
lished or if RESET is low, or if the receive FIFO is over- 
written. 
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SB, STOP BITS INPUT — A high on this pin selects two 
stop bits; a low selects one stop bit. 

DL, DATA LENGTH INPUT — A high on this pin selects a 
nine bit data word; a low selects an eight bit data word 
length. 

BC, BAUD CLOCK INPUT — This pin serves as an input 
for an externally supplied 16 times data clock. Otherwise, the 
BC pin expects a 4.096 MHz clock signal which is internally 
divided to obtain the 16 times clock for the most frequently 
used standard bit rates (see BR1-BR3 pin description). 

BRCLK, 16 TIMES CLOCK INTERNAL OUTPUT — This 
pin outputs the internal 16 times asynchronous data rate 
clock. 

BR1, BR2, BR3, BIT RATE SELECT INPUTS — In con- 
junction, these three pins select the asynchronous bit rate, 
either externally supplied at the BC pin (16 times clock) or 
one of the internally supplied bit rates (see table). 

DCO, DATA CHANNEL OUTPUT — This pin is a three- 
state output pin. Synchronous data is output when DOE is 
high. This pin will go high impedance when DOE or RESET 





MC145428 





BR2 | BR1 | Bit Rate (bps) (BC = 4.096 MHz) 









0 0 0 Variable 0 to 128 kbps 
0 0 1 38.4 k 

0 1 0 19.2 k 

0 1 1 9600 

1 0 0 4800 

1 0 1 2400 

1 1 0 1200 

| 1 1 300 





are low. When CM is low, synchronous data is output on 
DCO on the falling edges of DC as long as DOE is high. 
When CM is high, synchronous data is output on DCO on 
the rising edges of DC, while DOE is held high. No more than 
eight data bits can be output during a given DOE high inter- 
val when CM = high. This feature allows the DSI to interface 


directly with the MC145422/26 Universal Digital Loop 
Transceivers (UDLTs). 

DOE, DATA OUTPUT ENABLE INPUT — See DCO pin 
description and the SYNCHRONOUS CHANNEL INTER- 
FACE section. 

DIE, DATA INPUT ENABLE INPUT — See DCI pin 
description and the SYNCHRONOUS CHANNEL INTER- 
FACE section. . 

DC, DATA CLOCK INPUT — See DC! and DCO pin 
descriptions and the SYNCHRONOUS CHANNEL INTER- 
FACE section. 

CM, CLOCK MODE INPUT — See the SYNCHRONOUS 
CHANNEL INTERFACE section. 

RESET, RESET INPUT — Held low, this pin clears the in- 
ternal FIFOs, disables TxD, forces TxS and RxS low. When 
held high, normal operation results. 

DCI, DATA CHANNEL INPUT — Synchronous data is in- 
put on this pin on the falling edges of DC when DIE is high. 





CM=LOW, SYNCHRONOUS INPUT SWITCHING CHARACTERISTICS (C; =50 pF, Vpp=5 V, Ta =25°C) (See Figure 1A) 


[SSSCSCSCaracteristio ———SSSSSCSCSCS~w Symbol Min Ty [Unit | Notes | 
1 
2 
3 
4 


| Max _| 
DIE Rise Before DC Falling Edge 100 -- ns 
— 10 ns 
40 — ns 
— ns 


DIE State Change After Rise of DC 
DCI Data Stable Before DC Falling Edge 
DCI Data Stable After DC Falling Edge 
NOTES: 1. Time DIE must be high before the falling edge of the data clock (DC) in order for the data to be accepted by the synchronous input 
of the DSI. 
2. Time DC must be high before DIE changes state in order to avoid clocking in the bit before B1 or the bit after B3 (see Synchronous 
Channel Interface for further details and see Figure 1A). 
3. Time data must be stable on the DC! pin before the falling edge of the data clock. 
4. Time data must be stable on the DCI pin after the falling edge of the data clock. 















FIGURE 1A — CM=LOW SYNCHRONOUS INPUT SWITCHING CHARACTERISTICS 
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CM=LOW, SYNCHRONOUS CUTEMT SWITCHING CHARACTERISTICS (C, =50 pF, Vpp=5 V, Ta = 25°C) ee Figure 1B) 
ee SO er ee 
DOE Rise After Fall of DC . 
DOE Fall After Fall of DC 
DOE to Low-Z of DCO 
|DOE to High-Z of DCO 
DC Falling Edge to DCO Data Change State 









NOTES: 5. Time DC must be low before the rising edge of DOE in order to avoid clocking out a data bit before B1. See Synchronous Channel 
Interface section for further details and also Figure 1B. 
6. Time DC must be low before the falling edge of DOE in order to avoid clocking out an extra data bit. See Synchronous Channel 
Interface section for further details. 
7. Propagation delay time from the rising edge of DOE to the low output impedance state of the DCO pin. 
. Propagation delay time from the falling edge of DOE to the high output impedance state of the DCO pin. 
9. Propagation delay from the falling edge data of the data clock DC to valid data on the DCO pin. 


[oe] 


FIGURE 1B — CM=LOW, SYNCHRONOUS OUTPUT SWITCHING CHARACTERISTICS 


2 CX = X= X} 


DC 


DOE 


tol tp2 


tsud tsud 


* This bit will be output in the B1 position on the next cycle of DOE. 


CM = HIGH; SYNCHRONOUS INPUT SWITCHING CHARACTERISTICS (C, =50 pF, Vpp=5 V, Ta = 25°C) (See Figure 1) 
Characteristic 
DIE Rise Before Falling Edge of DC 


DCI Data Stable Before Falling Edge of DC 
DCI Data Stable After Falling Edge of DC 





NOTES: 10. Time DCI must be high before the falling edge of DC in order for the. data bit to be accepted by the synchronous data input of the 
DSI (see Synchronous Channel Interface for further details). 
11. Time DCI data must be stable before the falling edge of the data clock, DC. 

12. Time DCI data must be stable after the falling edge of the data clock, DC. 


FIGURE 1C — CM=HIGH, SYNCHRONOUS INPUT SWITCHING CHARACTERISTICS 
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CM= HIGH, SYNCHRONOUS INPUT SWITCHING CHARACTERISTICS (C, =50 pF, Vpp=5 V, Ta=25°C) (See Figure 1D) 





DOE Rise Before Falling Edge of DC 
DOE to Low-Z on DCO 

DOE to High-Z on DCO Data 
DC Rising Edge to DCO Data 





NOTES: 13. 
14. 
15: 


16. 


po Characteristic Symbol | Min | Typ | Max | Unit__| Notes _| 
















tsu8 100 — — ns 13 
to4 — — 70 ns 14 
to 40 — 90 ns 15 
to6 — 100 TBD ns 16 


Time DOE must be high before the falling edge of the data clock DC. 
Time delay between the rise of the DOE pin and the time the DCO reaches the low impedance state. 

Time delay between the fall of the DOE pin and the time the DCO pin reaches the high impedance state. 
Delay from the rising edge of the data clock DC to the valid data on the 


ACO nin 


wy Vit. 


FIGURE 1D — CM=HIGH, SYNCHRONOUS OUTPUT SWITCHING CHARACTERISTICS 
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CIRCUIT DESCRIPTION 


The MC145428 Data Set Interface provides a means for 
conversion of an asynchronous (start/stop format) data 
channel to a synchronous data channel and synchronous to 
asynchronous. Although primarily intended to facilitate the 
implementation of RS-232 compatible asynchronous data 
ports in digital telephone sets using the MC145422/26 
UDLTs, this device is also useful in many applications that 
require the conversion of synchronous and asynchronous 
data. 


TRANSMIT CIRCUIT 


Asynchronous data is input on the TxD pin. This data is 
expected to consist of a start bit (logic low) followed by eight 
or nine data bits and one or more stop bits (logic high). The 
length of the data word is selected by the DL pin. The data 
baud rate is selected with the BR1, BR2, and BR3 pins to ob- 
tain the internal sampling clock. This internal sampling clock 
is selected to be 16 times the baud rate at the TxD pin. An 
externally supplied 16 times clock may also be used, in which 
case, the BR1, BR2, and BR pins should all be at logic zero. 
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DOE may be returned 
low any time after 
this point 


Data input at the TxD pin is stripped of start and stop bits 
and is loaded into a four-word deep FIFO register. A break 
condition is also recognized at the TxD pin and this informa- 
tion Is relayed to the synchronous channel transmitter which 
codes this condition so it may be re-created at the remote 
receiving device. 

The synchronous channel transmitter sends one bit at a 
time under control of the DC, CM, and DOE pins. The syn- 
chronous data formatter transmits one of three possible data 
patterns based on whether or not the top of the Tx FIFO is 
full and whether or not a break condition exists. When no 
data is available for transmission, the synchronous data for- 
matter sends a special synchronizing flag pattern (01111110). 
When a break condition is detected, the (11111110) pattern 
is sent. Figure 2A depicts this operation. 

When stripped data is being transmitted, the synchronous 
data formatter will insert a binary O after any succession of 
five continuous 1’s of data. Therefore, using this technique, 
no pattern of (01111110) or (11111110) can occur while send- 
ing data. This also allows the DS! to synchronize itself to the 
incoming data based on the data alone. 

The receive section of the DSI (synchronous data input) 
performs the reverse operation by removing a binary O that 
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FIGURE 2A — TxD SYNCHRONOUS 
DATA FORMATTER OPERATION 
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follows five continuous 1's in order to recover the transmit- 
ted data. (Note that a binary 1 which follows five continuous 
1s is not removed so that flags and breaks may be detected.) 
Figure 2B shows an example of this process. 


FIGURE 2B — DATA FORMAT PROTOCOL 


Asynchronous Data Word Received 
11111111, 11000000, 11111100 


Actual Synchronous Word Transmitted 
01111110,111110111, 110000000, 111110100, 01111110 


Flag inserted zeros Flag 

If the incoming data rate at TxD exceeds the rate at which 
it is output at DCO, the FIFO will fill. The TxS pin will go low 
when the FIFO contains two or more words. TxS may, 
therefore, be used as the Clear-to-Send control line at the 
asynchronous interface port. . 

In order to insure synchronization during the transfer of a 
continuous stream of data the DSI’s synchronous channel 
transmitter will insert a flag synchronizing word (011111110) 
every 61st data word. The DSI’s synchronous channel 
receiver. checks for this synchronizing word and if not pre- 
sent, the loss of synchronization will be indicated by the RxS 
pin being latched low until the flag synchronizing word is 
received. Note that under these conditions the data will con- 
tinue to output. 


RECEIVE CIRCUIT 


Data incoming from the synchronous channel is loaded in- 
to the MC145428 at the DCI pin under the control of the DC 
and DIE pins (see SYNCHRONOUS CHANNEL INTERFACE 
section). Framing information and break conditions are 
detected by the synchronous channel receiver, and the data 
words are then loaded into a four deep FIFO. Data words are 
taken off the top of this FIFO, start and stop bits inserted, 
and are output at RxD at the same baud rate as the transmit 
side. The number of stop bits and word length are those 
selected by the SB and DL pins. 


Loss of framing, if it occurs, is indicated by the RxS pin 


~ going low. Data will continue to be output under these con- 
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ditions, but RxS will remain low until frame synchronization, 
i.e., the detection of a framing flag word, is reestablished. If 


the output data rate is less than the data rate of the incoming 


synchronous data channel, data will be lost at a rate of one 
word at a time due to the FIFO being overwritten. 


INITIALIZATION 


Initialization is accomplished by use of the RESET pin. 
When held low, the internal. FIFOs are cleared, input on TxD 
is ignored, DCO is forced to high impedance state, and TxS 
and RxS are forced low. When brought high, normal opera- 
tion resumes and the transmit and receive sections sends 
flag code until data is received or transmitted. Note that TxS 
will immediately go high after RESET goes high, while RxS 
will remain low until framing is detected. RESET should be 
held low when power is first applied to the DSI. RESET may 
be tied high permanently, if a short period of undefined 
Operation at initial power application can be tolerated. 


SYNCHRONOUS CHANNEL INTERFACE 


The synchronous channel interface is generally operated in 
one of three basic modes of operation. The first is a con- 
tinuous mode. A new data bit is clocked out of the DCO pin 
on each successive falling edge of the DC clock, and a new 
data bit is accepted by the DSI at its DCI pin on each suc- 
cessive falling edge. In this mode of operation, the CM con- 
tro} line is always low and the DOE and DIE enable control 
lines are always high. This is the typical setup when interfac- 
ing the DSI to the 8 kbps signal bit inputs and outputs of the 
MC145422/26 UDLTs (see Figures 3A and 4). 

In the second mode of operation, with CM= High, the 
synchronous channel transmits and receives a_ variable 
number of data bits (up to 8 bits at a time) with respect to the 
enable signals being high. In this mode, the rising edge of 
the enable signal DIE and DOE should be roughly aligned to 
the rising edge of the DC clock signal. When enabled, the 
data is clocked out on the rising edge of the DC clock 
through the DCO pin and clocked in on the falling edge of 
the DC clock through the DC! pin. If less than eight bits are 
to be transmitted and received, enable pins DIE and DCE 
should be returned low while the DC clock is low. This is il- 
lustrated in Figure 3D where five bits are being clocked out 
of the DSI through the DCO pin and four bits are being input 
to the DSI through the DCI pin. 

This restriction does not apply if eight bits are to be clock- 
ed into or out of the synchronous channels of the DSI (i.e., 
the DSI has internal circuitry to prevent more than eight 
clocks following the rising edge of the respective enable 
signals). Figure 3B illustrates a timing diagram depicting an 
eight bit data format. If the DOE enable is held high beyond 
the eight clock periods the last data bit B8 will remain at the 
output of the DCO pin until the DOE enable is brought low to 
reinitialize the sequence. Similarly, the input data through 
the DCI pin will accept a maximum of eight data bits for any 
given DIE high period. : | 

The CM=high mode, using 8 bits of data, is the typical 
setup for interfacing the DS! to the 64 kbps channel of the 
MC145422 or MC145426 Universal Digital Loop Transceivers 
(see Figure 3B and Figure 5). 

In the third mode of operation, a variable number of data 
bits may be clocked into or out of the synchronous side of 
the DSI. When the CM line is low, any number of data bits 
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may be clocked into or out of the DSI’s synchronous chan- 
nels provided that the respective enable signal is high. Figure 
3C illustrates three data bits being clocked out of the DCO 
pin and three data bits being clocked into the DCI pin. 

In the CM= Low mode of operation, an internal clock is 
formed which is (DCeDOE+CM), and it is on the rising edge 
of this signal that a new data bit is clocked out of the DCO 
pin. Therefore, the DOE signal should be raised and lowered 


following the falling edge of the DC clock (i.e., when the DC 


clock is low). 
Also in the CM= low mode of operation, another internal 
clock _is_the logical NAND of DC, DIE, and CM 


(DC*DIE*CM). It is on the falling edge of this signal that a 
new bit is clocked into the DCI pin. Therefore the DIE signal 
should be raised and lowered following the rising edge of the 
DC clock (i.e., when the DC clock is high). 


TIMING DIAGRAMS 
FIGURE 3A — SYNCHRONOUS 1/0, CONTINUOUS BIT RATE, CLOCK MODE LOW 
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FIGURE 3B — SYNCHRONOUS 1/0, EIGHT BIT CLOCK MODE HIGH 
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FIGURE 3C — SYNCHRONOUS 1|/0, VARIABLE BIT LENGTH CLOCK MODE LOW 
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* This bit will be output in the B1 position on the next cycle of DOE. 


FIGURE 3D — SYNCHRONOUS 1/0, VARIABLE BIT LENGTH WITH CLOCK MODE HIGH 
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FIGURE 4 — DIGITAL TELSET RS-232 PORT USING 8 KILOBITS/SECOND CHANNEL OF MC145426 
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NOTE: Some pin connections on the MC145426 and MC14402 have been omitted. Consult MC145426 and MC14402 data sheets for more 
details. 
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FIGURE 5 — DIGITAL TELSET RS-232 PORT USING 64 KILOBITS/SECOND CHANNEL OF. _MC145426 FOR VOICE OR DATA 
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NOTE: Some pin connections on the MC145426 and MC14402 have been omitted. Consult MC145426 and MC14402 data sheets for more 
details. 
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FIGURE 6 — MULTIPLEXING MULTIPLE RS-232 TELSET PORTS INTO 64 KILOBITS/SECOND CHANNEL OF MC145426 
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NOTE: Some pin connections on the MC145426 and MC14402 have been omitted. Consult MC145426 and MC14402 data sheets for more 
details. 
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(AA) MOTOROLA MC145429 


Advance Information | 
CMOS 


TELSET AUDIO INTERFACE - (LOW-POWER COMPLEMENTARY MOS) 


The MC145429 is a silicon-gate CMOS Telset Audio Interface IC in- - TELSET 
tended for microcomputer controlled digital or analog telset applica- AUDIO INTERFACE 
tions. The device provides the interface between a codec/filter or: 
analog speech network and the telset mouthpiece, earpiece, 
ringer/speaker amplifier, and an auxiliary input and output. The con- 
figuration of the device is programmed via a serial digital data port. 
Features provided on the device include: 





Independent Adjustment of Earpiece, Speaker, and Ringer Volume 

Transient Suppression Circuitry to Prevent Acoustic ‘‘Pops” 

Receive Low-Pass Filter for 8 kHz Attenuation 

Sixteen Possible Audio Configurations 

Power-Down Mode with Data Retention 

20 dB Mouthpiece Input Gain 

Receive to Transmit Loopback Test Mode 

Provision for Auxiliary Input and Output 

Externally Adjustable Auxiliary Input Gain See ee Se ace 
PCM Mono-circuit Compatible Power Supply Range CASE 707 CASE 726 
Digital Output for Speaker Amplifier Control 

Versatile Logic Input Levels 

18-Pin Package 


SIMPLIFIED BLOCK DIAGRAM 


Earpiece 
Volume 
Control 


VDD= Pin 18 Ringer/ Speaker 
VAG= Pin 1 Volume 


VpG= Pin 2 Control 
Vss=Pin 9 


16 
+ 20dBk-— Mp! 


Transmit 12 AxF 


Signal 
Selector 


Digital Control Logic 





This document contains information on a new product. Specifications and information herein 
are subject to change without notice. 
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MAXIMUM RATINGS PIN ASSIGNMENTS 


| C*Ratting 
Precuiravo vss) [| 
(Excluding Vpp, Vss) 
















RECOMMENDED OPERATING CONDITIONS 
Parameter 


DC Supply Voltage Vpp-Vss 


DC Supply Voltage 
Nominally (Vpp— Vss)/2 


Power Dissipation 
Vpop- Vss=10 V 
Vpop-Vss=12 V 


Power-Down Dissipation 
Vop-Vss=12V 
Full Scale Input Levels 
Vop-Vss=10V Rxl, AxF 
Mpl 
Vpop-Vss= 12V Rxl, AxF 
Mpl 


Sampling Clock Input Frequency 





TRANSMISSION CHARACTERISTICS 
(Vpop to Vss=10 to 12 V +5%; Ta=0 to 70°C; 0 dBm0=6 dBm ref 600 0; +3.17 dBm0=3.15 Vp; SCIl= 128 kHz) 
Characteristic 
Gain 
840 Hz @ 0 dBm0, Max Gain Setting Rxl to EpO =0.3 0.3 
Rxl to SO =O).3 0.3 
Rxl to AxO +03 0.3 
Rxl to TxO -0.3 0.3 
AxF to TxO -0.3 0 


mG 
840 Hz @ — 20 dBm0 Mpl to TxO 19.5 20.5 
Mpl to EpO 25 30 
Gain vs Volume 
Relative to Volume Setting, with 840 Hz @ 0 dBm0 Input 
(~3to —21 dB) Rx! to EpO -0.5 0.5 


(—5 to — 35 dB) Rxl to SO or AxO | —0.5 


0.5 
Idle Noise 
0 to 15 kHz, AxF = — Ax, Rxl= Mpl=6000 toVaG TxO, EpO, SO, or AxO -~75.0 | dBm0 
C-Message 9.0 | dBrnCo 


In-Band Spurious Outputs dBm0O 
840 Hz @ 0 dBm, 0.3 to 3.4 kHz, 2nd and 3rd Harmonic — 43.0 

Out-Band Spurious Outputs dBm0 
840 Hz @ 0 dBm, 0 to 20 kHz — 40.0 


Gain vs Frequency 
Relative to 840 Hz @ 0 dBm0 
(0.3 to 3.0 kHz, All Gain Paths) 
(3.4 kHz, Rx Path) 
(8.0 kHz, Rx Path) 


Crosstalk dBmO 
840 Hz @ 0 dBm0 Rx to Tx and Tx to Rx — 65.0 


Isolation from Any input to Any Deselected Output 
Input= 840 Hz @ 0 dBm0 


dBmoO 
— 75.0 
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ANALOG ELECTRICAL CHARACTERISTICS (Vpp- Vss=10 to 12 V +5%, Ta=0 to 70°C) 
Characteristic _ or 
Input Leakage Current SCI; D, DC, DCE, Rxl, — Ax 
VAG. Mp! 
AC Input Impedance Rxl 
Mpl to VAG 
PDI Internal Input Pull Down Resistor Impedance to Vss 
Output Voltage Range > 
Vop - Vss= 10 V, Ry =600 to Vac 
Vpp- Vss= 12 V, RL =900 to Vac 
Output Current 


Source 
Sink 


Power Supply Rejection Ratio 
VAC= 100 mVrms, 0 to 20 kHz, Vpp, Vss 


Characteristic 
Logic Input Voltage (VpG =O V) 
Vss to Vpp Mode 
VpG to Vpp Mode 


Vss to VpG Mode 
Logic Output Voltage (VpG=OV, |lo/<1 4A) 


Output Current (Vg= — 4.5 V) 
(V9 =4.5 V) 


Maximum Frequency DC (Data Clock) 


Minimum Pulse Width DC 
Minimum Pulse Width Low (SCI = 128 kHz) 


Setup Times 


Hold Times - DtoDC 
DCE to DC 





FIGURE 1 — DATA INPUT TIMING 


DCE 


DC 


thi 


tp 
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PIN DESCRIPTIONS 


Vpp,POSITIVE POWER SUPPLY (PIN 18) — Typically 
+3 to +6.5 volts with VaG=O0 volts. 

Vss, NEGATIVE POWER SUPPLY (PIN 9) — Typically 
—3 to —6.5 with VAG=0 volts. 

VAG, ANALOG GROUND (PIN 1) — Typically 0 volts sup- 
plied by a mono-circuit in digital telset applications. All 
analog signals are referenced to this pin. 

VpG, DIGITAL GROUND (PIN 2) — Typically common to 
logic ground. All internal digital logic operates between VpoG 
and Vop. VpG preferably equals (Vpp—- Vss)/2. 

SAE, SPEAKER AMPLIFIER ENABLE (PIN 3) — The SAE 
output will be at Vpp whenever the external speaker 
amplifier is required, otherwise SAE is at Vss. 

DCE, DATA CLOCK ENABLE (PIN 4) — This digital input 
enables the serial data entry circuitry and also latches the 
serial data into the appropriate data register. 

DC, DATA CLOCK (PIN 5) — This digital input allows data 
on the D pin to be shifted into the serial input data register on 
rising edges of DC whenever DCE is active. 

D, DATA (PIN 6) — Digital data, required to set the con- 
figuration or gain of the audio interface, is applied to the D 
pin and will be shifted into the serial input register by DC 
whenever DCE is active. 

SCI, SAMPLING CLOCK INPUT (PIN 7) — The clock ap- 
plied to this digital input is used to sample the audio signals. 
This frequency is nominally 128 kHz and is typically provided 
by the slave Universal Digital Loop Transceiver such as the 
MC 145426 in digital telset applications. This clock must be 
applied during data transfers. 

PDI, POWER-DOWN INPUT (PIN 8) — This pin allows all 
analog circuitry on the device to be powered down while re- 
taining all digital data. An internal pull-down resistor con- 
nected to Vss will insure the powered-down state during 
system power up. 

Rxl, RECEIVE INPUT (PIN 10) — This pin is the input to 
the receive low-pass filter and volume controls, and is 
typically driven from RxO of a mono-circuit in digital telset 
applications. 

—Ax, INVERTING AUXILIARY INPUT (PIN 11), AxF, 
AUXILIARY FEEDBACK (PIN 12) — These two pins are the 
inverting input and output, respectively, of the auxiliary in- 
put operational amplifier and are used to set the gain of the 
auxiliary input. The noninverting input of the Ax amp is inter- 
nally connected to VAG. 

AxO, AUXILIARY OUTPUT (PIN 13) — This output drives 
the input to an external auxiliary circuit and will be at VAG 
when disabled. 

SO, SPEAKER OUTPUT (PIN 14) — This output drives an 
external speaker amplifier, and when disabled will be at 
VAG: 

EpO, EARPIECE OUTPUT (PIN 15) — This output drives 
the handset earpiece which may require a Series resistor to 
set the correct signal level. This output will be at VAG when 
disabled. 

Mol, MOUTHPIECE INPUT (PIN 16) — The mouthpiece 
microphone circuit is connected to this pin. 

TxO, TRANSMIT OUTPUT (PIN 17) — This is the audio 
output pin of the device and is typically used to drive the Txl 
pin of a mono-circuit in digital telset applications. 
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DEVICE OPERATION 


The telset audio interface IC consists of two major sec- 
tions: an analog subsystem and a digital subsystem. The 
digital subsystem provides an interface to a microcomputer 
and generates the necessary control signals to configure the 
analog subsystem as desired. 


ANALOG SUBSYSTEM 


The analog subsystem provides the low-pass filtering, 
audio-signal routing, gain adjustment, and signal summing 
required for a digita! or analog telset application. This sub- 
system consists of a receive and a transmit signal path. 


RECEIVE SIGNAL PATH 


The receive audio signal, typically from the RxO output of 
a PCM mono-circuit or a speech network, is input to the 
audio interface via the Rx! pin. Once buffered into the device 
and passed through the low-pass filter, the audio signal has 
four possible destinations: earpiece output, speaker output, 
auxiliary output, or loopback to the TxO output. 

The audio path to the earpiece output consists of an ear- 
piece volume control and summing output amplifier. The 
volume control is an eight-step attenuation circuit with 
—3 dB steps and unity gain at the maximum setting. The 
steps are selected by a 3-bit binary code with Og and 78, the 
minimum and maximum settings, respectively. The output of 
the earpiece volume control is summed (0 dB gain) with a 
sidetone (— 17 dB gain) from the mouthpiece input. The ear- 
piece output is capable of driving an earpiece transducer 
which typically requires 200 mVp-p into 150 ohms. The gain 
to the earpiece to attain the proper sound pressure level may 
be adjusted with a resistor in series with the earpiece. When 
the audio interface is configured such that the earpiece is not 
selected, the earpiece volume control and the summing out- 
put amplifier are powered down. 

The audio path to the speaker output consists of a volume 
control and an output driver. The volume control is an eight- 
step attenuation circuit with —5 dB steps and unity gain at 
the maximum setting. The steps are selected by a 3-bit 
binary code with Og and 7g, the minimum and maximum set- 
tings, respectively. The binary code may be from either of 
two volume registers: the speaker volume register, selected 
when the speaker is used for voice, or the ringer volume 
register, selected when the speaker is used for ringing. The 
register uSed is determined by the current configuration of 
the audio interface. The output of the volume control is fed 
into a unity gain output buffer which is intended to drive a 
speaker power amplifier. The speaker/ringer volume control 
and output buffer power down when not selected. 

The auxiliary output is similar to the speaker output and is 
powered down when not needed. This output can be used to 
drive a conference phone circuit or the receive portion of a 
modem. 

The three analog outputs, EpO, SO, and AxO, have a tran- 
sient suppression circuit which eliminates the possibility of 
acoustic ‘‘pops’ during configuration or volume changes. 
This same circuit keeps the output at. VAG when it is not 
selected. When enabled, the output signal slews directly 
from VAG to the audio signal. 

The other possible destination for the receive audio is the 
TxO audio output. This is an audio loopback configuration 
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which allows a system to test the operation of the audio path 
in the telset. In the loopback configuration, the output of the 
ringer/speaker volume control is switched into the TxO out- 
put amplifier input. . 


TRANSMIT SIGNAL PATH 


The transmit portion of the analog subsystem consists of a 
unity gain output driver which has three possible inputs. The 
input selection depends upon the current configuration of 
the audio interface. One of these inputs is used in the loop- 
back configuration discussed above. The auxiliary inputs, 
AxF and — Ax, allow gain adjustment from an auxiliary cir- 
cuit, and the third input, Mpl, is from the mouthpiece 
microphone and is amplified 20 dB by the input amplifier. 
Two configurations allow use of the auxiliary inputs as a 
mouthpiece input without sidetone, which is useful in analog 
telset applications. 


DIGITAL SUBSYSTEM 


The digital subsystem provides a three-wire ssétial input 
which allows a microcomputer to program the audio con- 
figuration of the audio interface. 

Data is clocked into the audio interface using the DCE, 
DC, and D pins. DCE going high enables the data input cir- 
cuitry. While DCE is high, data appearing on the D pin is 
clocked into the serial input data register on rising edges of 
DC. The falling edge of DCE latches the serial data into the 
appropriate register. 

The serial data input format consists of five bits as shown 
in Figure 2. 

Configuration/Volume bit (C/V), loaded last, indicates the 
Se of data contained in the data field DO-D3. When C/V is 

“1'", the data indicates the device configuration to be 
ssbicked When C/V is a "0", the data indicates a volume 
level. The volume control which receives the data depends 
upon the current configuration of the audio interface. 


FIGURE 2 — DATA FORMAT 


© KKK KK KKM) 


When C/V is ‘1’, DO-D3 are loaded into the configuration 
register. The four configuration register bits then address a 
ROM which has outputs to control the analog subsystem 
elements, enable the appropriate volume register, select the 
appropriate volume register for the speaker/ringer volume 
control, and provide the SAE output. 

When C/V is 0’, the data bits D1-D3 are loaded into the 
volume register which has been selected by the ROM. For 


volume changes, only D1-C/V need be transferred. How- 
ever, if five bits are loaded into the serial input data register 
and C/V is low, DO will be ignored. 

If six or more data bits are clocked in while DCE is high, 
the last five bits clocked will be accepted when DCE goes 
low. 

The digital input SCI is used by the analog subsystem as a 
sampling clock for signal processing and by the data input 
circuitry as a sequencing clock during data transfers. 

The PDI input, when low, powers down the analog sub- 
system; however, all data is retained in the data registers and 
data may still be loaded into the serial input data register as 
usual as long as SCI is present. An internal pull-down 
resistor to Vss is connected to PDI to insure the power- 
down state upon application to Vpp and Vss. 

The five digital inputs are DCE, DC, D, SCI and PDI. After 
one logic transition change, the input logic determines which 
of the three possible input voltage swings is used, and 
responds accordingly to future input levels: 

There are two input logic circuits per input pin. The first 
operates from VpG to Vpp with TTL levels referenced from 
VpG. The second circuit uses VpgG as the positive supply 
and Vss as the negative, sensing CMOS input levels from 
Vss to Vpa. The internal logic looks at the output of these 
two circuits and determines the input logic levels used. This 
permits logic level swings of Vss to VDG: VpG to Vpp. or 


Vss to Vpp. 


CONFIGURATION MODES 


The audio interface configuration set provides a total of 16 
possible configurations. A description of each of the modes 
follows. 


LOOPBACK 

This is a system test mode which loops received audio 
through the ringer/system volume control and out the TxO 
output amp. 

The ring volume register controls the ringer/speaker 
volume control and new volume data enters the same 
register. | 


STANDBY 


This mode accomplishes the same result as the PDI pin 
except for powering down the TxO amplifier. All other 
amplifiers are powered down and all transmission gates are 
turned off. Volume data is latched into the ring. volume 
register. 


STANDARD A 


The standard A mode resembles that of the ordinary 
telephone. Rx! audio is passed through the earpiece volume 
control and summed with a sidetone from the mouthpiece 
before being presented to the earpiece. Tx audio originates 
at the mouthpiece input, receives 20 dB of gain, and is then 
passed to the TxO output. New volume data is stored in the 
earpiece volume register. Transmit mute in this mode 
disable the path from the mouthpiece amplifier to the TxO 
amplifier. 
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RING 


This is a receive only mode in which the receive audio is 
passed through the ringer/speaker volume control and out- 
put via the SO output. The ring volume register is selected to 
properly attenuate the ringing signal in the ringer/speaker 
volume control and any new volume data is written into the 
same register. Transmit mute has no effect in this mode and 
SAE goes high. . 


ON HOOK DIALING 


This mode will allow a user to dial without taking the hand- 
set off nook. Audible feedback from the speaker could in- 
dicate dial tone, key depressions, etc. Receive audio passes 
through the ringer/speaker volume control and out the SO 
output. The transmit signal will originate at the auxiliary in- 
put which could be used for a DTMF dialer input. The 
speaker volume register is applied to the volume control and 
new volume data is latched into the same register. Mute will 
disable the transmit path from the auxiliary input. SAE will 
be high in this mode, enabling the speaker amplifier. 


RECEIVER MONITOR A 


This mode is similar to the standard A mode except the 
receive audio is also applied to the speaker output. Receive 
audio passes through both volume controls and out the EpO 
and SO pins. The speaker volume register controls the 
ringer/speaker volume control and new volume data is writ- 
ten into the speaker volume register. Transmit audio is taken 
from the mouthpiece input and output via the TxO amplifier. 
Transmit mute disables and mouthpiece amp to TxO amp 
path. SAE is high, enabling the speaker amplifier. 


AUXILIARY 
A suggested application for this mode would be for an op- 


tional conference phone circuit to be connected to the aux- 
iliary input and output pins. Basically, a conference phone is 
a voice activated half-duplex controller which allows hands 
free conversation without audio feedback problems. 
Another useful application would be to connect a modem to 
the auxiliary input and output, thus eliminating the require- 
ment for several components. In this mode the receive audio 
is passed through the ringer/speaker volume control and out 
the AxO pin. The SAE pin goes high, enabling the speaker 
amplifier. The transmit audio enters the audio interface via 
the auxiliary input amplifier and is connected directly to the 
TxO outpui amp. The speaker volume register Controls the 
volume control and new volume data enters the same 
register. Transmit mute disables AxF from the input to the 
TxO output amp, disables AxO and enables the SO output. 


STANDARD B 


This mode is identical to the Standard A mode with one 
exception: the TxO signal originates at the auxiliary input in- 
stead of Mpl. This allows use of the Telset Audio Interface in 
applications that generate sidetone in a speech network. 
Mute disables the transmit path from the auxiliary input. 


RECEIVE MONITOR B 

This mode is identical to the Receive Monitor A mode with 
the same exception as the Standard B mode described 
above. 


MODE AND VOLUME CONTROL 
The data patterns required to program the audio interface 


mode or set the volume levels are summarized in Figures 3 
and 4. 
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mre KARAT AS 
7 Register _ SAE 
_ Mode C/V Selected . State _ 

[Reopeek —SSSCSCs tCT OPO POLO] fing | 0 | 
Sa OC OO 
Standard Cid TCP OO] 1 | Otome ~ 0 
[Standard Aware _——SSs«dT tT TO [0] + [1 | temiece | 0 
Ring Ci PO POO] Ring PT 
PRingMute SSCS POP Of Ring 1 
FOn-Hook Diaing sid TO [+] 1] 0 | Speaer | 1 | 
FOn-Hook DiaingyMute + +f oj t1]1{1| Speer [1 
PReceive MontorA {1 {1}oj}o]0 | Spear | 1 | 
[Receiver Monitor AMute | 1 [1] 0 | 0 | 1 | Spesker | 1 | 
Aumiiay SC TO tO] Specter 1 
[Auniiayiwure Si TT tT OL 1 [1 | Shocker | 1 
fStandadB SSSC~—sSCSs— TT TTT tT OO | torpicce | 0 | 
[Standaras/ute «dT 11 | 1 10] 1 | earpiece [0 
[Receive Monitor8 Sid TPT | 1 [1 [0 | Spook | 1 
[Receive Monitor e/mute + 1 f1fr1f1i1 | Speaker | 1 | 


FIGURE 3 — MODE CONTROL SUMMARY 











FIGURE 4 — VOLUME CONTROL SUMMARY 
Attenuation (dB) 
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Vpp=+3 to +6.5V 
Vss=—3to -6.5V 


2.048 MHz — Parallel Resonant 


U 
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FIGURE 5 — TEST CIRCUIT 
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FIGURE 6 — DIGITAL WORK STATION 
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MC 145428 


Data Set 
Interface 


6ZPSVLOIN 


(MA) MOTOROLA 


Advance Information 


CMOS 


(LOW-POWER COMPLEMENTARY MOS) 


; 2600 Hz TONE 
eee Heer BIEVER SIGNALLING FILTER 


This device contains a bypassable 6 pole 2600 Hz notch filter, a 2600 Hz 
band-pass filter and a 2600 Hz sinewave generator for SF signalling/detec- 
tion applications. 

+5 V to +8 V Single or Split Supply Operation 
Low Power Consumption, 80 mW @ 10 V 

200 mW @ 15 V 
On-Board Crystal Oscillator or External Clocks 
Notch Filter Gain Adjustable 
Uncommitted Op Amp Capable of Driving 600 Q Loads 
TTL or CMOS Compatible Inputs 
18-Pin Package 

L SUFFIX P SUFFIX 


CERAMIC PACKAGE PLASTIC PACKAGE 
CASE 726 CASE 707 





BLOCK DIAGRAM 


2600 Hz 
6 Pole Notch 
Filter 


nee nies | 
Circuit ts 


2600 Hz 2600 Hz 
Sine 2 Pole 
Generator Band Pass 


VoD=Pin 18 
VAG=Pin 1 
Vss=Pin 9 





This document contains information on a new product. Specifications and information herein 
are subject to change without notice. 
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MAXIMUM RATINGS (Vs5=0 V) i fe PIN ASSIGNMENT 












Rating 


Peeves | | 
(Not Vpop.or Vss) 


> 





RECOMMENDED OPERATING CONDITIONS 


Synbot [ in [yo [ Man [Un 


DC Supply Voltage 


State 1 


State 2 
State 3 


Input Current (C1, C2, CS, NE) “1” Level | 
"0" Level ne 

Input Voitage (C1, C2, CS, NE) “1 Level VIH 
"O"' Level VIL 
Output Voltage (CO) Ig=8mA "4" | evel VOH 
lI9=2.5mA “0” Level VOL 

Input Current (C1, C2, CS, NE) “1 Level WH 
| “O"' Level Hie 


Input Voltage (C1, C2, CS, NE) "1 Level Vin Pes 
0" Level VIL _ 

Output Current (CO) VoOH=9.5V°1 JOH es 
| VoL=0.5V loL 1.1 
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ANALOG ELECTRICAL CHARACTERISTICS (Vpp=10 V. Vag=Vpp/2, Vsg=0 V, Ta=0 to 70°C) 


DC Input Current (Vag) ali 
DC Input Current (Vin) po | 


AC Input Impedance (1 kHz) (Vjq) Zin 
Input Voltage Range (Vin) 


Output Drive Current VoH=Vpp-1.2V 
(TO, BPO, NO) VoL=Vsst1.2V 





OP AMP PERFORMANCE (Vpp=10 V, VaG=Vpp/2, Vss=0 V, NE=Vss, ViS=Vpp,. TA=0 to 70°C) 


[hci «Stl 
[iput Ofer vorage ROBT SSCSCSC~C~dC‘ Y= 
[open Loop Gan AO. 86) __——~S~S~=* oY OFovaG | AL | - | 

Input Bias Current (Vij, A-— ,B-, B+) | ip | - | 


Output Voltage Range (AO, BO) Vo 
(Ry =20 kQ to Vac) 1.0 


(RL =900 2 to Vag) 1.1 
(RL =600 9 to Vag) 18 


Output Current (AO, BO) VOH=Vpp-1.2 V lOH =5 
VOL=Vss+1.2V lOL +5 
Output Noise (AO, BO), 900 2 [Pn f= 





Characteristics 
Input Overload Voltage 
Gain (+ 2 dBm into 900 2 @ 1 kHz) 
Idle Noise, Vin = VAG, 900 2 


Pass-Band Gain, Ref. 1 kHz Note Figure 1 
300 Hz to 2 kHz 
2 kHz to 2.2 kHz 
2.2 kHz to 2.4 kHz 
2.8 kHz to 3 kHz 
3 kHz to 3.38 kHz 
3.38 kHz to 4 kHz 


Rejection, Ref. 1 kHz 
2.58 kHz to 2.59 kHz 
2.59 kHz to 2.61 kHz 
2.61 kHz to 2.62 kHz 


Output Offset 
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BY-PASS CHARACTERISTICS (Vj, to AO, NE Low, Vpp= 10 V, VAG=Vpp/2;.CS =Vss=0, TA =0 to 70°C): 


enone OOOSOCSC“‘“‘S*S*S*™S*~* 
Output Offset —(i‘“‘“‘“‘ ‘(= 


BAND-PASS CHARACTERISTICS (Vpp=10 V, VAG=Vpp/2, CS=Vss=0, Ta=0 to 70°C) 


Characteristics 















Tasi0 |e 
Pa 
Tsos |e _ 
5800 
| Max_| 








Gain (+2 dBm into 900 2 @ 2.6 kHz) 
Idle Noise, Vin = VAG, 900 2 
Output Offset 


TONE OUT CHARACTERISTICS (Vpp = 10 V, VaG/2, CS=Vgg=0, Ta=0 to 70°C) 


pO Characteristics Cid Min 


Center Frequency, fo 







+500 | mv _| 











FIGURE 1 — NOTCH RESPONSE PARAMETER 
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PIN DESCRIPTIONS 


Vpp, POSITIVE POWER SUPPLY (PIN 18) 
Most positive supply. 


Vss, NEGATIVE POWER SUPPLY (PIN 9) 
Most negative supply. 


VAG, ANALOG GROUND (PIN 1) 


This pin is a high impedance input which serves as 
analog ground reference. This pin is nominally held at 
(Vpp—Vss)/z. 


AO, OP-AMP OUT (PIN 2) 
A—, OP-AMP IN (PIN 3) 


These pins are for the output buffer amp which is capable 
of driving 600 Q loads. A— is the inverting input of this amp 
while AO is its output. This amp buffers either the output of 
the notch filter or the input signal at Vjj depending on the 
State of the NE pin. 


Vin, INPUT (PIN 4) 


This pin is the input to the notch filter, band-pass filter, 
and notch by-pass switch. 


NO, NOTCH OUTPUT (PIN 5) 


This pin is the output of the notch filter and can drive 
20 kQ loads. 


NE, NOTCH ENABLE (PIN 12) 


When high (see V,_s pin) the notch filter output is applied 
to the line buffer output amp. When held low (see V{_5S pin) 
the input at Vin is applied to this op amp. 


TO, TONE OUTPUT (PIN 13) 


A 2600 Hz sine wave is output at this pin. This pin can 
drive a 20 kQ load. 


BPO, BAND-PASS OUT (PIN 14) 


This pin is the output of the 2600 Hz band-pass filter and 
can drive a 20 kQ? load. 


B+, OP-AMP NONINVERTING INPUT (PIN 17) 


This pin is the noninverting input to the uncommitted op- 
amp provided on the circuit. 


B— , OP-AMP INVERTING INPUT (PIN 15) 


This pin is the inverting input of the uncommitted op-amp 
provided on the circuit. 


BO, OP-AMP OUTPUT (PIN 16) 


This pin is the inverting input of the uncommitted op-amp 
provided on the circuit. 


CS, CLOCK SELECT (PIN 6) 
C1, C2, CLOCK INPUTS (PINS 7 AND 8) 


When held at Vpp, CS selects the internal crystal 
oscillator clock mode. A 3.579545 MHz crystal is connected 
between pins C1 and C2. A 10 MQ resistor should be tied 
across C1 and C2 along with 20 pF capacitors to Vss to 
insure stable oscillator operation. When tied to Vss, a 
2.048 MHz external clock should be applied to C2. When tied 
to VAG, a 1.536 MHz external clock should be applied to C2. 
In both external clock modes, C1 should be tied to Vss. 


Vis, LOGIC SHIFT VOLTAGE (PIN 10) 


This pin determines CMOS or TTL level compatibility for 
Ci, C2, NE and CO. If tied to Vpp, CMOS device levels are 
expected; if tied to a voltage less than VpDp—4 V, TTL levels 
are expected with V|_s equal to logic ground. 


CO, CLOCK OUTPUT (PIN 11) 


A 128 kHz square wave is available at this pin. This is the 
sample clock of both the notch and band-pass filters. 


FIGURE 2 — FUNCTIONAL TRUTH TABLE 


Clock 
Select (CS) 
VDD 


Crystal 
(C1;-C2) 





External 
(C1=Vss) 
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Tone 
Frequency CO | Out (TO) 
pv 3.579 MHz 127.8 kHz 2601 Hz 
VAG External | 
V 
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Vout!Vine GAIN (dB) 


‘FIGURE 3 — TEST CIRCUIT 
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FIGURE 4—TYPICAL RESPONSE CURVES 
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20 k 


Band-Pass 
Output 


O 2600 Hz Out 


VDD 20 k 


i 
- 


BAND-PASS FREQUENCY RESPONSE 


2.0 2.5 3.0 
f, FREQUENCY (kHz) 


a 
ime 
= 
— 





(MA) MOTOROLA 


Advance Information 


CMOS 


(LOW-POWER COMPLEMENTARY MOS) 


TUNEABLE NOTCH/ 
NOTCH/BAND-PASS FILTERS BAND-PASS FILTER 


This device contains a 6-pole filter and 4-pole band-pass filter. 


+5 to +8 V Supply Operation 
Low Power Consumption, 150 mW Typical 
Tuneable Notch and Band-pass Filters 
On-board Crystal Oscillator or External Clocks 
Clock Output Pin 
An Uncommitted Op-Amp ls Provided, Capable of Driving 600 Q 
Loads 
Notch Filter Output Gain Adjustable 
TTL or CMOS Compatible Inputs 
16-Pin Package 
L SUFFIX 


CERAMIC PACKAGE 
CASE 620 





BLOCK DIAGRAM 


Notch In A 


6-Pole 
Clock 1 Notch Filter 


Clock 2 


Clock 


Clock Out Circuitry 


VLS 


pleck 4-Pole 


Select j Band-pass Filter 
Band-pass 11 


In 


12 


Band-pass Out Vpp= Pin 16 
Vss=Pin8 
VAG=Pin 1 





This document contains information on a new product. Specifications and information herein 
are subject to change without notice. 
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MC145433 


MAXIMUM RATINGS (Vgs =0 V) BIN ASSIGNMENT 
Rating 
DC Supply Voltage —0.5 to 18 
| 
Ta 












3 
b> 









Parameter 


DC Supply Voltage 


Operating Current (CMOS Mode) @ 2.048 MHz 
(TTL Mode) @ 2.048 MHz 


Vig (TTL Mode) 
Vig (CMOS Mode) 


Clock Select (CS), Vag=(Vpp- Vss)/2 State 1 
State 2 
State 3 


TTL LOGIC LEVELS (Vi s=0V, 


Input Current (C1, C2, CS) "1" Level 
“0” Level 


Input Voltage (C1, C2, CS) “1 Level 
“0” Level 

Output Voltage (CO) lo =8mA "1" Level 
lo=2.5mA 0" Level 


Input Current (C1, C2, CS) “1” Level WH ; 
"0" Level ie 
Input Voltage (C1, C2, CS) “1” Level VIH did 5.6 — V 
"0" Level Vib _ 44 30) 
Output Current (CO) VOH=9.5V°| IOH = . 9.9 mA 
VoL =0.5V loL 1.1 2.25 
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ANALOG ELECTRICAL CHARACTERISTICS (Vpp = 10 V, Vag=Vpp/2, Vsg=0 V, TA=0 to 85°C) 


Input Voltage Range (NI and BPI) 


Output Drive Current VOH=Vpp-1.2V 
(BPO) VoL=VSS+1.2V 





Unit 





Characteristic . . Symbol | Min | 
input Offset Voltage (BO) vio | -5s | - | 





Open Loop Gai 1 (BO) Z, =6002 + 200pF to VaG 


Input Bias Current (A—, B—, B+) ira 





Output Current (BO) VOH=VoD-1.2 V IOH 
VOL=Vsst+1.2V lOL 


-6 
= 
Output Noise (BO), 900 2 | Pw | o- [| -3 | = [aBme 
— ee 


Output Voltage Range (BO) VO V 
(R_ =20 kQ to Vac) 1.0 90 
(R_ = 900 2 to Vag) lal a9 
(RL = 600 Q to Vac) 1.8 8.2 
Lew 


Slew Rate (BO) 






Characteristics 
Input Overload Voltage 
Gain (+2 dBm into 900 2 @ 1 kHz) Pai 
Idle Noise, Ni= Vag, RL =900 2 


Pass-Band Gain, Ref. 1 kHz 
300 Hz to 2.2 kHz 
2.2 kHz to 2.4 kHz 
2.8 kHz to 3 kHz 
3 kHz to 4 kHz -— 1.0 + 1.0 


Rejection, Ref. 1 kHz 
2.58 kHz to 2.62 kHz — 45 
Dynamic Range (VFS/Idle Noise) | -70 | - | a. 






















(Note Figure 1) 
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BAND—PASS FILTER ELECTRICAL CHARACTERISTICS (Vpp = 10 V, NI=Vac, Vag=Vpp/2, Vsg=0 V, Ta=0 to 85°C) 


Total Harmonic Distortion (0 dbm into 900 2) 
Output offset 
Q (—3db bandwidth/center frequency) 














Symbol 





Rega 
 Taput Pus Wain (TTL Mode ty 
[Clock Frequency (TTL Model tg P| 
[Clock Frequency (CMOS Mode) SS te 
Crytal Frequency | 5 OT 
Input Pulse Width (CMOS Mode .. Cire? aa iS. | 

| - | 26 | 


NOTCH RESPONSE PARAMETER 





- +1.0 
—1.0 7 
N 
a i 
aM: 
2 
S370 
& 
@ 
= 
oO 
ao) 
2 
qt 
oO 
c 
= 
5 
oO 
> 
— 45 
— 55 Z! 
300 2 2.4 2.59 2.62 3 


Zoe 2.58 2.61 2.8 4 


FREQUENCY (kHz) 
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MC145433 


PIN DESCRIPTIONS 


Vpop (PIN 16) 
Most positive supply, nominally +12 V to +15 V. 


Vss (PIN 8) 
Most negative supply, nominally O V. 


VAG (PIN 1) 
Analog ground. This pin is a high impedance input which 
serves as analog ground reference. This pin is nominally held 


at (Vpp-—Vss)/2. 


CS, CLOCK SELECT (PIN 5) 


This pin controls the configuration of the digital section of 
the circuit. Three different clock divide configurations can be 
obtained by tying this pin to either Vpp, VAG or VSs. 


Vis, LOGIC SHIFT VOLTAGE (PIN 9) 


This determines the logic levels expected at the digital in- 
put C1 and C2. If tied to Vpp, CMOS logic levels are ex- 
pected; if tied to a voltage less than Vpp—4 V, TTL levels 
are expected with V|_s equal to logic ground. This pin also 
controls the output swing at pin CO in a similar manner, i.e., 
TTL or CMOS levels. 


CO, CLOCK OUT (PIN 10) 


This pin is the digital clock output pin. It is equal to the 
switching frequency, fs of the notch and band-pass filters. 


C1, C2, CLOCK 1, CLOCK 2 (PINS 6 AND 7) 


When CS is tied to Vpp, a 1 to 4 MHz crystal is tied to C1 
and C2. The switching frequency, fs, of both filters is deter- 
mined by the crystal frequency and is given by: 
f crystal _ 
23. 8 


With CS tied to VAG, an external clock frequency must be 
applied into C1 and C2 tied together. The switching frequen- 
cy fg for the notch and band-pass filters are equal to the ex- 
ternal clock frequency divided by 16. When CS is tied to 
VSS, Operation is identical to that when tied to VAG, except 
that the clock is divided by 1 instead of 16. 


Ni, NOTCH INPUT (PIN 4) 
This pin is the analog input to the notch filter. 


AO, OP-AMP OUT (PIN 2), A—, OP-AMP INOUT (PIN 3) 


These pins are for the output buffer amp of the notch 
filter. A— is the inverting input of this amp while AO is its 
output. This op-amp is capable of driving a 600 ohm load. 


B+, OP-AMP NONINVERTING INPUT (PIN 15) 


This pin is the non inverting input to the uncommitted 
op-amp provided on chip. 


B—, OP-AMP INVERTING INPUT (PIN 13) 
This pin is the inverting input to the uncommitted op-amp. 


BO, OP-AMP OUTPUT (PIN 14) 


This pin is the output of this uncommitted op-amp. This 
op-amp is capable of driving a 600 ohm load. 


BPI, BAND-PASS IN (PIN 11) 
This is the input to the band-pass filter. 


BPO, BAND-PASS OUT (PIN 12) 
This is the output of the band-pass filter. 


FUNCTIONAL TRUTH TABLE 
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Switching 
Frequency 


CO 
V Clock (Hz) Clock (Hz) ' 
es a 
y ae | Clock (Hz) Clock (Hz) PSOE NGG 
AG Ores 1 787.69 8 
Clock (Hz) 


NOTE: Switching Frequency (fs) Range= 10 kHz to 256 kHz 












Notch/ Bandpass 
Center 
Frequency 
fc 






Digital Clock Out 





fs of Notch 
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FIGURE 1 — TEST CIRCUIT 
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R= 10 MQ 
C1, C2=20 pF 
FIGURE 2 — TYPICAL NOTCH FILTER RESPONSE CURVES FIGURE 3 — TYPICAL BAND-PASS FILTER RESPONSE CURVES 
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ho 
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(oan ] 


where fs = switching 
. freq (see truth table) 
where fs= switching 
freq (see truth table) 
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MOTOROLA 


BELL 103 300 BAUD MODEM BAND-PASS FILTER 


The MC145440 is a 300 baud modem filter designed to be used with 


combinations fulfill the major requirements of a complete Bell 103 300 
baud modem system. The MC145441 is also available to fulfill the 
CCITT V.21 equivalent filtering function. Features of the MC145440 in- 


clude: 

@ Low Band Band-pass Filter 

@® High Band Band-pass Filter 

@ Bell 103 Frequency Compatible 
Spare Operational Amplifier 
Answer or Originate Mode 
Self Test Loopback Configuration 
Single or Split Power Supply Operation 
18-Pin Package 


Transmit 
Input 
3 


Clock Select’ 
Clock i Clock 
8 Circuitry 
Clock 2 and 


Originate/Answer- Mode 
1 Control 
Clock Out 


Vpp= Pin 18 
Vss=Pin9 
VAG=Pin 1 
4 13 


Self Test Receive 
Input 


BLOCK DIAGRAM 


Low Band 
F 


1 ilter 


High 


Filter 
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MC145440 


CMOS 


(LOW-POWER COMPLEMENTARY MOS) 


300 BAUD MODEM 
BAND-PASS SWITCHED 
CAPACITOR FILTER 


L SUFFIX 
CERAMIC PACKAGE 
CASE 726 


P SUFFIX 
PLASTIC PACKAGE 
CASE 707 





Transmit 
Output 
2 


14 
Receive 
Output 








MC145440 


MAXIMUM RATINGS (Vss=0 V) | . " . PIN ASSIGNMENT | 


Symbol Uri 
DC Supply Voltage —0.5 to 18 
Input Voltage, all pins —0.5 to Vpp + 0.5 
DC Current Drain per pin (Not Vpp or Vss) fine sie oe : 10 : 






oo 











VDD 
At+ 
AO 
A- 
RxO 
Rx| 
O/A 
CO 
VLS 











Vi 
Operating Temperature Range — 40 to 85 
Storage Temperature Range — 65 to 150 


RECOMMENDED OPERATING CONDITIONS 





Symbol 
Operating Current, Vpp = 10 V, Vgg =O V, 1. MHz Crystal IDO... 





Input Capacitance 




















TTL Mode 

CMOS Mode 
State 1, 4.0 MHz 
State 2, 3.684 MHz 






Clock Select (CS) 








"1" level 
“0” Level 


“4 “ 


Input Current 








— V 
Vis+0.8 






level 
“O"level 


Input Voltage 


m4 wn" 


level - 
“0” level 


Input Current 


4 “ 


Input Voltage level, Vop=10V 


"O” level, Vop = 10 V 

co Output Characteristics (Vpp = 10, Vgs=0 V) 
TTL Output Voltage (TTL Mode) “1” level, lo=8 mA 
“O” level, |Io=2.5mA 
CMOS Output Current Vpp=10V, VoH=9.5 V 
Vpp=10V, VoL=0.5V 












SS 
[oc inpucunentWaghSCSC—“~*s*~s*‘“‘“‘SSSSC™~CSCSCS a | 
[BC Input Curent (Tal, A__—SCSC“C“CCSCSCSCSC“‘NSSCC*NS == 

as 











AC Input Impedance (Tx!, Rx!) . 
Input Voltage Range (Tx!, Rx!) 








Symbol | Min 
Input Offset Voltage (AO) ; | lio | -50 | 
Open Loop Gain (Ry, = 10 kQ) cy ae 






[input Bias Curent(Ax,A-) 
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MC145440 


DIGITAL SWITCHING CHARACTERISTICS (Vpp=5 V, Vss=0 V, Ta = 25°C) 


Input Rise and Fall Times 


Input Pulse Width (TTL Mode) O/A tw 
(CMOS Mode) C1, O/A, ST tw 


(CMOS) 


Differential Group Delay 





Vref CHARACTERISTICS (Vpp=5 to 15 V, Vref=Vpp/2, Vgg=0V, Ta=0 to 70°C) 


[SSSCSCSC arate’ SS~«*dtSSymbt | in [typ [Max [Unit 
= 260 


2-341 





MC145440 


PIN DESCRIPTIONS 


Vpp (PIN 18) — Positive power supply. 

Vss (PIN 9) — Negative power supply. 

VAG (PIN 1) — Analog ground. In single nupply applica- 
tions, VAG is driven from Vref. 

Vref (PIN 5) — This pin provides an output DC valaus at 
approximately (Vpp-Vss)/2 for use as an external analog 
ground in single supply applications. In symmetric dual 
power supply appiications, Vref is not used. 

Vis, LOGIC SHIFT VOLTAGE (PIN 10) — This pin deter- 
mines the input/output logic level compatibility of O/A and 
CO. When the voltage on this pin is greater than Vpp — 0.5 V 
and less than Vpp, these digital inputs and outputs are 
CMOS compatible. When the voltage on this pin is less than 
Vpp-4 V and greater than Vss, these digital inputs and 
outputs are TTL compatible, and V|_s is connected to digital 
ground. 

C1, C2, CLOCK 1, CLOCK 2 (PIN 7, PIN 8) — These pins 
connect to an internal crystal oscillator. In operation, a 
_ parallel resonant crystal is connected from C1 to C2 as well 
as a 10 MQ resistor in parallel with the crystal and 20 pF 
capacitors from C1 and C2 to Vss. Crystal frequencies of 
1.0, 3.6864, or 4.0 MHz may be used. Alternatively, an exter- 
nal CMOS level signal at the crystal frequency may be ap- 
plied to C1 in lieu of the crystal, capacitors, and resistor. The 
inverted clock signal will appear at C2 and will be a CMOS 
output from Vss to Vpp. 

Clik Sel, CLOCK SELECT (PIN 6) — This pin is a three- 
State selector used to select one of the three crystal/clock 
options. When at Vpp, VAG, or VSs, this pin selects the 
4.0, 3.6864, or 1.0 MHz crystal/clock ape respectively, 

Output 


for C1 and C2. 
Clock 
peedoney 
Pin 11 


4.0 MH? 1.0 MHz 


Clock 





* Use mae an external clock to drive C1 Pin 7 or external crystal . 


across C1 and C2 Pins 7 and 8. 


CO, CLOCK OUT (PIN 11) — This provides a 1.0 MHz out- 
put clock signal when either the 1.0 or 4.0 MHz clock is 


selected and is typically used to drive the clock input to a 
MC14412 or MC6860 modem. The clock output is not usable 
when the 3.6864 MHz option is used. The logic family com- 
patibility (CMOS or TTL) of this output is determined by 
VLS. 

_ O/A, ORIGINATE, ANSWER (PIN 12) — The mode of the 
device, originate or answer, is Selected with this pin. In the 
originate mode, selected with a logic ‘1, the low band 
band-pass filter is switched into the transmit path and the 
high band band-pass filter is switched into the receive path. 
In the answer mode, the filters switch position. The input 
levels of this pin are determined by Vis. 

Txl, TRANSMIT INPUT (PIN 3) — Tx! is the input to the 
transmit band-pass filter which is the low band filter in the 
originate mode and the high band filter in the answer mode. 
In the self test mode, this input is routed to the appropriate 
band-pass filter input So as to pass the modulated data to the 
demodulator. 

TxO, TRANSMIT OUTPUT (PIN 2) — This pin is the out- 
put of the Tx output amplifier and typically drives the 
modulated data into the duplexer or hybrid circuit (see ST 
pin). 

Rxl, RECEIVE INPUT (PIN 13) — Rx! is the input to the 
receive band-pass filter which is the high band filter in the 
originate mode and the low band filter in the answer mode. 
In the self test mode, this input is disabled. 

RxO, RECEIVE OUTPUT (PIN 14) — The output of the 
receive band-pass filter, whether low band or high band, is 
provided at RxO. Typically, this signal is capacitively coupled 
to the input of the external carrier detector and limiter. The 
AC coupling capacitor is required because of the variable DC 
offset of the receive filter. 

ST, SELF TEST (PIN 4) — A‘’1”’ on ST puts the device in- 
to a Self test mode which routes the modulated carrier from 
Txl, through the appropriate filter,and out RxO back to the 
receive carrier input of the modem. TxO remains at VAG dur- 
ing a self test operation. This pin is a standard CMOS input 
regardless of the state of VLs. 

A+-(PIN 17) — This is the noninverting input to the spare 
operational amplifier. | 

A— (PIN 15) — This is the inverting input to the spare 
operational amplifier. 

AO (PIN 16) — This is the output of the spare operational 
amplifier. 
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MC145440 


FUNCTIONAL DESCRIPTION 


This device is capable of four basic analog configurations 
determined by the state of O/A and ST. The normal (non- 
self test) and self test modes in both the answer and 
originate modes will be discussed. 

In the normal originate mode, O/A is a‘’1"’ and self test, 
ST, is a “O". When in this mode, the Tx carrier from the 
modem is input on Tx! and routed through the low band 
band-pass filter. The filter output is switched to the input of 
the Tx op-amp which typically drives the Tx carrier off chip 
into a dupiexer circuit which could be implemented with the 
Spare operational amplifier. The output of the duplexer 
drives Rxl which is switched to the input of the high band 
band-pass filter. The filter output is available at RxO which Is 
typically the input to a limiter and carrier detector. 


The normal answer mode is established by a ‘’0’’ on both 
O/A and ST. This mode is identical to the normal originate 
mode with one exception: the band-pass filters swap posi- 
tions, i.e., the high band band-pass filter is switched into the 
transmit path, and the low band band-pass filter is switched 
into the receive path. 

When used with the MC14412 in the self test mode, the 
device will function as follows. A ‘’1’’ on the self test pin of 
both devices enables the self test mode. The modem 
switches its demodulator to its modulator frequency and 
demodulates its own modulated carrier. The modem filter 
switches the transmit carrier of the modem from Tx! through 
the low band filter and out the RxO pin to the limiter when in 
the originate mode. When the system is in the answer mode, 
the modulated signal is instead routed through the high- 
band filter. TxO will remain at mid-supply (VAG) during self 
test operations. 


FIGURE 1 — TEST CIRCUIT 
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FIGURE 3 — TYPICAL MC145440 APPLICATION (+5 V SINGLE SUPPLY) 
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O/A 10k Carrier Detection 200k R14 
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oe — 4 NOTES: 
ae 1. Optional 10 k Pot P11 in lieu of R22 and R23. 
Vss =a 2s Optional U1 with R20 and R21 to get additional 6 dB gain, for more receive sensitivity. 
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OVVSVLOIN 


(AA) MOTOROLA MC145441 


Advance Information 


CCITT V.21 300 BAUD MODEM BAND-PASS FILTER 


CMOS 


(LOW-POWER COMPLEMENTARY MOS) 


300 BAUD MODEM 
The MC145441 is a 300 baud modem filter designed to be used with BAND-PASS SWITCHED 


the MC14412 or MC145445 modems. These modem/ filter combinations 

fulfill the major requirements of a complete CCITT V.21 300 baud CAPACITOR FILTER 
modem system. The MC145440 is also available to fulfill the Bell 103 
equivalent filtering function. Features of the MC145441 include: 





Low Band Band-Pass Filter 

High Band Band-Pass Filter 

Spare Operational Amplifier 

Answer or Originate Mode 

Self Test Loopback Configuration (Optional) 

Single or Split Power Supply Operation 

18-Pin Package L SUFFIX P SUFFIX 


CCITT V.21 Compatible CERAMIC PACKAGE PLASTIC PACKAGE 
CASE 726 CASE 707 


BLOCK DIAGRAM 


Transmit Transmit 
Input Output 
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Low Band 
Filter 
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Clock Salsas 4 
Clock 
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oe Circuitry XX 
Clock 2 and : 
Mode 


VAG 
Control 


Originate/Answer- é 


Geek out 


Filter - 


Vpp= Pin 18 
Vss=Pin9 
VAG=Pin 1 
4 13 14 


Self Test Receive Receive 
Input Output 





This document contains information on a new product. Specifications and information herein 
are subject to change without notice. 
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MC145441 


MAXIMUM RATINGS (Vsg5=0 V) PIN ASSIGNMENT 


Symbol | _Vawe 









nit 
[DC Curent Drain persin No Vop eves) [1 [0 | mA] 
ie 


Storage Temperature Range 


RECOMMENDED OPERATING CONDITIONS . 
[Parameter —_———_—~(|_Symmbol_|[ Min | Typ | Max | Uni 











1 O/A 





Syma 
Operating Current, Vpp = 10 V, Vsg =O V, 1 MHz Crystal 
Input Capacitance 


TTL Mode 

CMOS Mode 
State 1,4.0 MHz ~ 

State 2, 3.684 MHz 


Clock Select (CS) 


State 3, 1.0 MHz 
TTL Logic Levels (Vpp=5 V, Vss=—-5V, VLS=0 V) 


“1” level VIH 
“O” level VIL 


ST, C1, O0/A CMOS Logic Levels (Vis =Vpp, Vss=0 V) 


m1 a“ 


level 
“0” Level 


Input Current 


Input Voltage VLSt+2.0 





Input Current “1” level 


“0” level 


Input Voltage “1"level, Vpp = 10V 


IH — +0.3 pA 
HL -0.3 ae 





“0” level, Vpp = 10V 
co 


VIH 7.5 5.75 — 
Vit — 4.25 3.0 


Output Characteristics (Vpp = 10, Vss =0 V) 


“1 level, lo=8 mA VOH 
“O" level, Io=2.5mA VOL 
lOH 
lOL 


Vpop=10V, VoH=9.5V 

Vpop=10V, Vo. =0.5V 
[SSSSCSCSCSaracterintig SSS «dS mbt] Min Typ Max [Un 
OC tne Curent Wag) SSCS 
DG Input Current al, PADS ttn 
[AC input impedance (rx R—SSSOSCSCSSSS* inf 0 | 
in 


Input Voltage Range (Txi, Rxl) | Vsst+1.5 eee! Vpop- 1.5 


TTL Output Voltage (TTL Mode) 


CMOS Output Current 
































Characteristic [Symbol | Min | Typ [Max | Unit _| 
input OffserVorage wo) SSCSC~“—~‘“s*~*S*~*~*~*SCt «| 80S «Ym 
[Open Loop Gan R_=TOKM SSCS A | Sd 
input Bias Cunent(At, A=) ig 
Output Nowe @OOG—SSCSCSCSOSCSCSCCSCSCSCSCSS SP Pd 8 an 
[SewRae OSS 
[Output Vonage Swing Ry=MOM IO Vag SSSSCSCSCSC~iSC = VY 
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MC145441 


DIGITAL SWITCHING CHARACTERISTICS (Vpp=5 V, Vsg=0 V, Ta =25°C) 


Symbol 
Input Rise and Fall Times C1, O/A, ST 


Input Pulse Width _ (TTL Mode) O/A tw 
tw 125 
7 aa 
fy 













(CMOS Mode) 


chez [ie 


(CMOS Mode) C1, 0/A, ST 


Clock Frequency (Driven by External Clock) (C1 Pin) 
Crystal Frequency 









Characteristic 


ae oo 
ie 
Eee 
a 
Power Supply Rejection Ratio Fo 
a 
ae 
| = 85 | 
ae 
| Min 


72 


Pass-Band Ripple 980 Hz to 1180 Hz 


Pass-band Response, Ref. 980 Hz, 0 dBmO 1180 Hz 
Rejection (Ref. 1080 Hz) 1650 Hz to 1850 Hz 


—1.5 
— 55 
Differential Group Delay 980 Hz to 1180 Hz 


HIGH-BAND FILTER CHARACTERISTICS (Vpp = 10 V. Vag=Vpp/2. Vss=0 V. Ta=0 to 70°C) 


n 
Symbol 
Full Scale Input Voltage (+3 dBmO) 
Gain at 1750 Hz, 0 dBmO | Ap [| 9.0 | 
Idle Noise, Input= Vac, 900 2 load | Py | - 





Total Harmonic Distortion 





Dynamic Range (Full Scale Output/Idle Noise) { oR | 72 | 7 | 
0 






Power Supply Rejection Ratio PSRR Fo 
Pass-Band Ripple 1650 Hz to 1850 Hz poe See 


= = 
[Pass-band Response, Ret HD Hz, OdBmO——=~S=~“~*~*~*~*~«HOA SC ~SC*SSC dC 
[Rejection (Ref 75H SSSR toTTBOHA| — | 85 | — ‘| 
[Differential Group Delay __——SSCSCSCS~S~S~«OH tw THEO | —_—| era 
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MC145441 


PIN DESCRIPTIONS 


Vpp (PIN 18) — Positive power supply. 

Vss (PIN 9) — Negative power supply. 

VaG (PIN 1) — Analog ground. In single supply applica- 
tions, VAG is driven from Vref. 7 


Vref (PIN 5) — This pin provides an output DC voltage at. 


approximately (VpD-Vss)/2 for use as an external analog’ 


ground in single supply applications. In symmetric dual 
power supply applications, Vref is not used. 


VLs, LOGIC SHIFT VOLTAGE (PIN 10) — This pin deter- — 


mines the input/output logic level compatibility of O/A and 
CO. When the voltage on this pin is greater than Vpp — 0.5 V 
and less than Vpp, these digital inputs and outputs are 
CMOS compatible. When the voltage on this pin is less than 
Vpp-—4 V and greater than Vss, these digital inputs and 
outputs are TTL compatible, and Vj; s is connected to digital 
ground. 

C1, C2, CLOCK 1, CLOCK 2 (PIN 7, PIN 8) — These pins 
connect to an internal crystal oscillator. In operation, a 
parallel resonant crystal is connected from C1 to C2 as well 
as a 10 MQ resistor in parallel with the crystal and 20 pF 
capacitors from C1 and C2 to Vss. Crystal frequencies of 
1.0, 3.6864, or 4.0 MHz may be used. Alternatively, an exter- 
nal CMOS level signal at the crystal frequency may be ap- 
plied to C1 in lieu of the crystal, capacitors, and resistor. The 
inverted clock signal will appear at C2 and will be a CMOS 
output from Vss to Vpp. 

Clk Sel, CLOCK SELECT (PIN 6) — This pin is a three- 
State selector used to select one of the three crystal/clock 
options. When at Vpp, VAG, or Vss, this pin selects the 
4.0, 3.6864, or 1.0 MHz crystal/clock option, respectively, 
for C1 and C2. 


Clock 
Select 
Pin 6 — 






Frequency 
* 
0 MHz 


*Use either an external clock to drive C1 Pin 7 or external crystal 
across C1 and C2 Pins 7 and 8. 


CO, CLOCK OUT (PIN 11) — This provides a 1.0 MHz out- 
put clock signal when either the 1.0 or 4.0 MHz clock is 
selected and is typically used to drive the clock input to a 
MC14412 or MC6860 modem. The clock output is not usable 
when the 3.6864 MHz option is used. The logic family com- 
patibility (CMOS or TTL) of this output is determined by 
VLS. 
0/A, ORIGINATE, ANSWER (PIN 12) — The mode of the 
device, originate or answer, is selected with this pin. In the 
originate mode, selected with a logic ‘'1’’, the low band 
band-pass filter is switched into the transmit path and the 
high band band-pass filter is switched into the receive path. 
In the answer mode, the filters switch position. The input 
levels of this pin are determined by VLs. 

Txl, TRANSMIT INPUT (PIN 3) — Txl is the input to the 
transmit band-pass filter which is the low band filter in the 
originate mode and the high band filter in the answer mode. 
In the self test mode, this input is routed to the appropriate 
band-pass filter input so as to pass the modulated data to the 
demodulator. 





Clock 
Output 
Pin 11 





TxO, TRANSMIT OUTPUT (PIN 2) — This pin is the out- 
put of the Tx output amplifier and typically drives the 
modulated data into the duplexer or hybrid circuit (see ST 
pin). 

-Rxl, RECEIVE INPUT (PIN 13) — Rx! is the input to the 
receive band-pass filter which is the high band filter in the 
originate mode and the low band filter in the answer: mode. 


‘In the self test mode, this input is disabled. 


RxO, RECEIVE OUTPUT (PIN 14) — The output of the 
receive band-pass filter, whether low band or high band, is 


- provided at RxO. Typically, this signal is capacitively coupled 


to the input of the external carrier detector and limiter. The 
AC coupling capacitor is required because of the variable DC 
offset of the receive filter. Fs . 

ST, SELF TEST (PIN 4) — A‘‘1"’ on ST puts the device in- 
to a self test mode which routes the modulated carrier from 
Txl, through the appropriate filter,and out RxO back to the 
receive carrier input of the modem. TxO remains at VAG dur- 
ing a self test operation. This pin is a standard CMOS input 
regardless of the state of VLs. 

A+ (PIN 17) — This is the noninverting input to the spare 
operational amplifier. . 

A— (PIN 15) — This is the inverting input to the spare 
operational amplifier. ; 

AO (PIN 16) — This is the output of the spare operational 


amplifier. 
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FUNCTIONAL DESCRIPTION 


This device is capable of four basic analog configurations 
determined by the state .of.0/A and ST. The normal (non- 
self test) and self test modes in both the answer -and 
originate modes will be discussed. 

In the normal originate mode, O/A is a ‘'1" and self test, 
ST, is a ‘0. When in this mode, the Tx carrier from the 
modem is input on Txl and routed through the low band 
band-pass filter. The filter output is switched to the input of 
the Tx op-amp which typically drives the Tx carrier off chip 
into a duplexer circuit which could be implemented with the 
spare operational amplifier. The output of the duplexer 
drives Rxl which is switched to the input of the high band 
band-pass filter. The filter output is available at RxO which is 
typically the input to a limiter and carrier detector. 

The normal answer mode is established by a ‘’0” on both 
O/A and ST. This mode is identical to the normal originate 
mode with one exception: the band-pass filters swap posi- 
tions, i.e., the high band band-pass filter is switched into the 
transmit path, and the low band band-pass filter is switched - 
into the receive path. 

When used with the MC14412 in the self test mode, the 
device will function as follows. A ‘‘1’’ on the self test pin of 
both devices enables the self test mode. The modem 
switches its demodulator to its modulator frequency and 
demodulates its own modulated carrier. The modem filter 
switches the transmit carrier of the modem from Tx! through 
the low band filter and out the RxO pin to the limiter when in 
the originate mode. When the system is in the answer mode, 
the modulated signal is instead routed through the high- 
band filter. TxO will remain at mid-supply (Vac) during self 
test operations. 


MC145441 


FIGURE 1 — TEST CIRCUIT 





High Band et ents 
Analog In 
Out 
-5V Analog Ou 
MC145441 
Vpp/2 Ny 18 
Analog GND AG VDD 0:1 KF 
TxO A+ 
Low Band — 
Analog In 7 es AOF = 
i) A- 
a s) High Band 
V g 
0.1 uF i axe Ta] | Analog Out 
6 13 
aa ; x12 _] 
= Cl O/A 
Cl C2 CO Clock Out 
1 MHz 
ae 9 
X= 4 MHz VSS VLS 
R=10 MQ 
C1, C2=20 pF = 


FIGURE 2 — MC145441 FREQUENCY RESPONSE 


GAIN (dB) 





f, FREQUENCY (Hz) 
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FIGURE 3 — TYPICAL MC145441 APPLICATION (+5 V SINGLE SUPPLY) 






VDD 


1 R12] % LM339A 
ce @ 2k 


143 : 
8 


12 


Ring 
Tip 





Rx : f 
eke Ad VDD D1 INg14 5 2K VDD 
Tx R18 2k aS a a0 
ST 
(eB, R8 
VDD 10k 
R19 
O/A 10 k Carrier Detection 200k R14 
VoD »—— 5 to 12 Volts 560 4 R16 
eNe 
D aaa NOTES: 
(VAG) 1. Optional 10 k Pot P1 in lieu of R22 and R23. 
Vss =p 2. Optional U1 with R20 and R21 to get additional 6 dB gain, for more receive sensitivity. 
3. If U1 is not used, jumper R20 and R21. 


LvvSVLOIN 


(AA) MOTOROLA MC145445 


CMOS 


300 BAUD 
FSK MODEM 


0—300 BAUD FSK MODEM 
The MC1454465 is a silicon-gate CMOS frequency shift keying (FSK) 
modem intended for use in Bell 103/113 and CCITT V. 21 applications. 
Features of the device include: 


Bell 103/113 Answer and Originate Compatible, 0-300 Baud 
CCITT V. 21 Modes 1 and 2 Compatible, 0-300 Baud 


L SUFFIX 
CERAMIC PACKAGE 
CASE 736 


Eight Selectable RTS to CTS Delay Options 

Answer-Back Tone Generator (U.S. and CCITT Tones) 

Carrier Detect Input 

TTL Compatible 

22 Pin Package 

Compatible to the MC145440 Bell 103 or MC145441 CCITT V. 21 
Modem Filter 


P SUFFIX 
PLASTIC PACKAGE 
CASE 708 





MC145445 300 BAUD FSK MODEM 
BLOCK DIAGRAM 








VDD 
(SS SS ee a ee ee = 
| | 
| ars |; 
Tx C 
| ets ee FskK [| <1] Sine on 
Ase Daiavee ROM Transmit as DAC ares 
An Bk 2 | 
a | 
Mode 
oe KEK 
eae) eee | 
| | 
| | 
pe! [11 Rx Car 
cip—2 CTS/900 Hz | 
cic Timer 16-25 
10 
| DMO 
RTS p6 
cTs«2 a | | 
=x} 2 ar | 
g “ oa | 
Q 
Osc os Lie | 
| 
8 
Rx Data 
CD 
eT et Pe I EDS EF ene SE) eee SON ONY Sate Te J 
Vpp= Pin 22 
Vss=Pin 12 
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MiC145445 


ABSOLUTE MAXIMUM RATINGS - ... PIN ASSIGNMENTS 


Secu "Vo [0S 


10 
Input Voltages, All Inputs - Vss—0.5 to Vpp + 0.5 


lout mA 
10 










o 






Tx Car (31 Vpp 
CTS G2 219 Tx Test 
CTC U3 20 [J Tx Data 












DC Current Drain per Pin 
Pin 3-6, 9, 15, 16, 18, 19, 20 
Pins 2, 8 








35 
hats eps 
| NC 161] ST 
RECOMMENDED OPERATING CONDITIONS | Rx Data U8 15 H Mode 
| Parameters |= Symbol =| Min | Typ | Max | Unit | Cp O9 140 Xout 


es 7 Rx Car 11 121 Vss 
DC ELECTRICAL CHARACTERISTICS (Vpp=5.0 V 5%, Vss=0, 0°CSTa 70°C) | 
‘Characteristics 
Input High Voltage 
Pins 3-6, 9, 15, 16, 18, 19, 20 
Pin 13, 11 
Input Low Voltage 
Pin 3-6, 9, 15, 16, 18, 19, 20 
Pid 137151 
Input Current 
All Inputs (Vi_ 0 V) 
All Inputs Except Pins 11, 13, (Vj}H>2.8 V) (Note 1) 


Output High Current (VQH = 2.4 V) 
Pins 2, 8 (Test Load A) 
Pins 10, 21 (Test Load B) 
Output Low Current (Vo, =0.4 V) 
Pins 2, 8 (Test Load A) 
Pins 10, 21 (Test Load B) 
Operating Current 


Input Capacitance 


All Except Pin 13 
Pin 13 (Xin) 


Output Capacitance = 
All Except Pin 14 a 
Pin 14 (Xoy) ia! = 
Transmit Audio Signal Level (Pin 1 Ru = 10 kQ (Note 2) — 0.428 0.5 0.578 
Total Harmonic Distortion (2nd to 14th) (Note 2) - THD. _ — 50 — 40 dB 





NOTES: | . 
1. Active pull-up devices are used on these inputs to allow interfacing to TTL devices. The lj, specified is a transitional load (not steady State) 
which is drawn when the input is brought up to 2.8 V until the internal pull-up device has raised the signal to the Vpp level. 


2. Measured in any mode using HP-3555B dB meter (or equivalent) with 3 kHz flat filtering. 
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MC145445 


PIN DESCRIPTIONS 


Vpp, POSITIVE POWER SUPPLY (PIN 22) 
This is nominally 5.0 V. 


Vss, NEGATIVE POWER SUPPLY (PIN 12) 
This is usually O volts. 


Tx Car, TRANSMIT CARRIER (PIN 1) 

The transmit carrier output is a 16 step digitally- 
synthesized sine wave with an amplitude of 0.1 Vpp (p-p) 
(+ 10%) and offset by a dc bias of 0.5 Vop (+ 10%). The 
output load should be 10 kilohms or greater. 


CTS, CLEAR TO SEND (PIN 2) 

The clear to send output goes low in response to a high- 
to-low translation of RTS following a selected delay (see 
CTA, CTB, CTC pin description). This output goes high im- 
mediately after loss of RTS. During the time following ac- 
tivation of RTS and before the activation of CTS, Tx Data 
should be held in the mark condition. 


CTA, CLEAR TO SEND SELECT A (PIN 5) 
CTB, CLEAR TO SEND SELECT B (PIN 4) 
CTC, CLEAR TO SEND SELECT C (PIN 3) 


For delay times for clear to send delay select inputs, see 
Table 1. 


RTS, REQUEST TO SEND (PIN 6) 


The request to send input controls data transmission from 
the modulator. A low level enables the modulator output and 
‘a high level will disable the modulator. See Figure 1. 


N.C., NO CONNECTION (PINS 7 AND 17) 


These pins are not bonded internally. They should be left 
open in normal operation. 


Rx Data, RECEIVE DATA (PIN 8) 

The receive data output is the serial data output from the 
demodulator. Rx Data is clamped high when CD is not ac- 
tive. 


CD, CARRIER DETECT (PIN 9) 

When carrier detect input is high (1), the Rx Data output 
will be clamped to a high state. When carrier detect is low 
(0), Rx Data output demodulates the Rx carrier input signal. 


DMO, DEMODULATOR OUTPUT (PIN 10) 


The demodulator output is the output of the differential 
delay detector. It is used for production testing of the 
demodulator. In normal operation, this pin should be left 
open. 


Rx Car, RECEIVER CARRIER (PIN 11) 
The receiver carrier input is the FSK input to the 
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demodulator. This signal should be the hard-limited output 
of the receive filter, nominally 50%. 


Xjn, OSCILLATIOR INPUT (PIN 13) 


Xout, OSCILLATOR OUTPUT (PIN 14) 


Xin should be driven from either an AT-cut crystal or a 
digital signal source at 3.6864 MHz +0.01%. When driven 
by a crystal, a 15 megohm resisitor should be connected 
from Xin to Xout in parallel with the crystal. 


MODE (PIN 15) 


The mode pin selects the pair of frequencies used during 
modulation and demodulation. A ‘0"’ on this pin selects 
answer mode when Bell type is selected or channel 2 when 
CCITT type is selected. A “1” on this pin selects originate 
mode when Bell type is selected or channel 1 when CCITT 
type is selected. - 


ST, SELF TEST (PIN 16) 


When a high level is placed on this pin, the demodulator is 
switched to the modulator frequencies (as determined by 
Mode and Type pins). The modulator should be looped back 
through the receive filter to the demodulator for self test 
(echo back). Loopback can be done using a hardwire 
scheme, or automatically using the internal loopback feature 
of the filter, such as found on the MC145440/41. 


TYPE (PIN 18) 


This pin is used to select between Bell 103/113 type opera- 
tion and CCITT V.21 operation. When the type input pin is a 
1", Bell operation is selected. When the type input pin is a 
“0”, the CCITT standard is selected. 


An Bk, ANSWER BACK (PIN 19) 


The answer back input causes the answer back tone to be 
transmitted. The answer back tone is 2025 Hz for the Bell 
mode and 2100 Hz for the CCITT modes. When a high level 
is placed on the An Bk input pin, the Tx Car pin will output 
an answer back tone and CTS will go toa high state, regard- 
less of the state of RTS (see Figure 1). 


Tx Data, TRANSMIT DATA (PIN 20) 


The transmit data input is the serial input to the 
modulator. A high level causes a mark frequency to be 
transmitted, a low level causes a space frequency to be 
transmitted. 


Tx Test, TRANSMIT TEST (PIN 21) | 

The transmit test output is a Square wave representation 
of the modulator transmit frequency. It is used for test pur- 
poses and should be left open in normal operation. 
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FIGURE 1 — An Bk AND RTS-CTS TIMING 


~ a 





'RTS-CTS— 
Table 2 


: 


QO 
Yn 


No Signal An Bk Signal No Signal 


Tx Car 





U.S. = 2025 Hz 
CCITT = 2100 Hz 


TABLE 1 — RTS-CTS DELAY TIMES TABLE 2—OPERATING MODES 


Transmit 
Frequency 


| Spec | Actual Application 












850 | 1850.6 | - CCITT V. 21 
Post 650 | 1650.13 0-300 Baud, Channel 2 
ae GT A TS TS 1180 | 118008[ CCITT v.21 
a ET A ee 
Poe ere 2026 | 2026 6 Bal 103 
496.6 ms 2225 | 2226.09 | 0-300 Baud, Answer Mode 
0 


* All delays are +1.7 ms. 





1070 | 1069.76 Bell 103 
1270 | 1270.3 | 0-300 Baud, Originate Mode 


Crystal Frequency = 3.6864 MHz 


Data=0= Space 
= 1= Mark 






FIGURE 2 — OUTPUT TEST LOAD A FIGURE 3 — OUTPUT TEST LOAD B 
VEG | ? Vcc | 
R1=3.1 kQ 
MMD6150 + 1% MMD6150 +1% 
VI or Equiv. 


| | 
po 
| 


| 
R1=6.19 kQ | 
| 
| 


MMD7000 
or Equiv. 


MMD/7000 | 
or Equiv. 


| Simulated TTL Load me | Simulated TTL Load | 
Cry = 20 pF = total parasitic capacitance, which includes 
probe, wiring, and load capacitances. 


| 
| 
| 
| Vv or Equiv. 
| 
| 
| 
| 





| 
| 
| 
| 
| 
| 
| 
= = = | 


CT =20 pF = total parasitic capacitance, which includes 
probe, wiring, and load capacitances. 
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FIGURE 4 — TYPICAL BELL 103/113 ORIGINATE/ANSWER MODEM 
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VDD 
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E77 3 Ring 
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GD R8 
ole 0.1 pF 10k 
% LM339A = C14 33 k ele 
O/A Carrier Detection 200k R14 
VDD »—__ 5 to 6.5 Volts 560 9 R16 
Analog 
GND NOTES: 
1. Optional Pot P1 in lieu of R22 and R23 
VSs =) 2. J2: E1 to E3 for Bell 103; E1 to E2 for CCITT V.21 
— 3. For CCITT operation, the MC145441 should be used in lieu of the MC145440 
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&) aiiireiiein a MC145450 


Advance Information _ | 
CMOS 


1200 BAUD 
FSK MODEM 


1200 BAUD FSK MODEM 


The MC145450 is a silicon-gate CMOS frequency shift keying (FSK) 
modem intended for use in Bell 202 and CCITT V.23 applications. 
Features of the device include: 

@ Bell 202 Compatible 0 to 1800 Baud Main Channel SHRRL 

@ 0 to 150 Baud Reverse Channel CERAMIC PACKAGE 
@ CCITT V.23 Mode 2 Compatible 0 to 1800 Main Channel | CASE 736 

® CCITT V.23 0 to 75 Baud Compatible Reverse Channel 
@ TTL Compatible 

@ Eight Selectable RTS-CTS Delay Options 

@ Soft Turn-Off Capability P SUFFIX 

@ Answer Back Tone Generator (US and CCITT Tones) ae Nae 
@ Carrier Detect Input 

@ 22 Pin Package 





' MC145450 1200 BAUD FSK MODEM 
BLOCK DIAGRAM 


Tx Data 


CTS/900 Hz 
Timer 


& 
O 

Osc us =r D 
Digital Filter eg D2! Registers 


Rx Data 
CD 


Vpp=Pin 22 
Vsg=Pin 12 





This document contains information on a new product. Specifications and information herein 
are Subject to change without notice. 
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MC145450 


ABSOLUTE MAXIMUM RATINGS PIN ASSIGNMENTS 


Rating Symbol Tx Car {i Vpp 
DC Supply Voltage i CTS do 21) Tx Test 
Input Voltages, All Inputs Vss—0.5 to Vpp + 0.5 
20 {j Tx Data 


DC Current Drain per Pin “yw [™ 
Pin 3-6, 9, 15, 16, 18, 19, 20 10 CTB 19f] An Bk 
Pins 2, 8 35 
ees 
Eee) 









Operating Temperature Range oC CTA 18 J Type 
Storage Temperature Range —55 to + 150 oC RTS 17TIN.C 





STO ST 

RECOMMENDED OPERATING CONDITIONS Rx Data _ 15 [}] Mode 

Symbol [| Min | Typ [{ Max | Unit | CD 9 140 Xout 
DC Supply Voltage Vop-Vss 5.0 DMO {10 30x, 
in 

Rx Car {911 12 Vss 


DC ELECTRICAL CHARACTERISTICS (Vpp=5.0 V +5%, Vss=0, Ta=0 to 70°C) 
Characteristics 


+ 


7 
Input High Voltage 
Pins 3-7, 9, 15, 16, 18, 19, 20 
Pin 13, 11 


Input Low Voltage 

Pins 3-7, 9, 15, 16, 18, 19, 20 

Pin 13, 11 
Input Current 

All Inputs (Vip 0 V) 

All Inputs Except Pins 11, 13, (Vj}y~>2.8 V) (Note 1) 
Output High Current (VOY = 2.4 V) 

Pins 2, 8 (Test Load A) 

Pins 10, 21 (Test Load B) 


Output Low Current (Vo, =0.4 V) 
Pins 2, 8 (Test Load A) 
Pins 10, 21 (Test Load B) 
Operating Current 
Input Capacitance 
All Except Pin 13 
Pin 13 (Xin) 
Output Capacitance 
All Except Pin 14 
Pin 14 (Xout) 1 


3 
0.5 0.578 Vp-p 
— 60 ~ 40 dB 


= 5.0 
600 


NO 


5 


oo 
oo 


—_ 
NO 


V 

V 

A 
p 
p 


he 
be 
al 


A 
A 
A 
E 
E 





AC ELECTRICAL CHARACTERISTICS (Vpp=5.0 V +5%, Vss=0, Ta=0 to 70°C) 













PC haracterstics SS —*Y:CS bo | Win | To Mow [Unt 
[Ouiput Rise Time (Test Load AlPns2.€——SSSSSCSCSCSS a SC 0 
FOutput Rise Time (Test Load 8) Pins 10,1420 ——SSSC~C~C~—“‘“‘“‘~*~*‘~dtCS = 00s 
Output Fal Time (Test Load A) Ping 2,8) ———SSCS~S~S Sw 200 
[Output Fall Time (Test Load 8) (Pins 10,182 ——SSCSCSC~SCSCSCS Sw 100s 
input fise and Fall Times (Except Pin 1a) | 00 
Dewy fiom ATS CTS SSSCSCSCSCSCSSS« Tw | tats | | | 
ree ee BEE 





NOTES: 
1. Active pull-up devices are used on these inputs to allow interfacing to TTL devices. The lj, specified is a transitional load (not steady state) 
which is drawn when the input is brought up to 2.8 V until the internal pull-up device has raised the signal to the Vpp level. 


2. Measured in any mode using HP-3555B dB meter (or equivalent) with 3 kHz flat filtering. 
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MC145450 


PIN DESCRIPTIONS 


Vop, POSITIVE POWER SUPPLY (PIN 22) 
This is nominally 5.0 V. 


Vss, NEGATIVE POWER SUPPLY (PIN 12) 
This is usually 0 volts. 


Tx Car, TRANSMIT CARRIER (PIN 1) 

The transmit carrier output is a 16 step digitally- 
synthesized sine wave with an amplitude of 0.1 Vpp (p-p) 
(+ 10%) and offset by a dc bias of 0.5 Vpp (+ 10%). The 
output load should be 10 kilohms or greater. 


CTS, CLEAR TO SEND (PIN 2) 

The clear to send output goes low in response to a high- 
to-low translation of RTS following a selected delay (see 
CTA, CTB, CTC pin description). This output goes high im- 


mediately after loss of RTS. During the time | following ac- . 


tivation of RTS and before the activation of CTS, Tx Data 
should be held in the mark condition. 


CTA, CLEAR TO SEND SELECT A (PIN 5) 
CTB, CLEAR TO SEND SELECT B (PIN 4) 
CTC, CLEAR TO SEND SELECT C (PIN 3) 


For delay times for clear to send delay select inputs, see 
Table 1. 


RTS, REQUEST TO SEND (PIN 6) 

The request to send input controls data transmission from 
the modulator. A low level enables the modulator output and 
a high level will disable the modulator. See Figure 1. 


STO, SOFT TURN OFF INPUT (PIN 7) 


Activation of STO causes a 900 Hz tone to be transmitted 
and CTS to remain active for 20 ms following the loss of 
RTS. See Figure 5. 


Rx Data, RECEIVE DATA (PIN 8) 

_ The receive data output is the serial data output from the 
demodulator. Rx Data is clamped high when CD is not ac- 
tive. . 


CD, CARRIER DETECT (PIN 9) 
When carrier detect input is high (1), the Rx Data output 


will be clamped to a high state. When carrier detect is low © 


(0), Rx Data output demodulates the Rx carrier input signal. 


DMO, DEMODULATOR OUTPUT (PIN 10) 

The demodulator output is the output of the differential 
delay detector. It is used for production testing of the 
demodulator. In potmal operation, this pin should be left 
open. 


Rx Car, RECEIVER CARRIER (PIN 11) 

The receiver carrier input is the FSK input to the 
demodulator. This signal should be the hard-limited output 
of the receive filter, nominally 50%. 


Xin, OSCILLATIOR INPUT (PIN 13) 
Xout, OSCILLATOR OUTPUT (PIN 14) © 

Xin should be driven from either an AT- cut crystal or a 
digital signal source at 3.6864 MHz +0.01%. When driven 
by a crystal, a 15 megohm resisitor should be connected 
from Xjn to Xout in parallel with the crystal. 


‘MODE (PIN 15) 


The mode pin selects the pair of frequencies used during 
modulation and demodulation. A ‘‘0" on this pin selects for- 
ward channel operation; i.e. high-speed transmit and low- 
speed receive. A ‘'1"’ on this pin selects reverse channel 
operation; i.e. low-speed transmit and high-speed receive. 


ST, SELF TEST (PIN 16) 

When a high level is placed on this pin, the demodulator is 
switched to the modulator frequencies and baud rate (as 
determined by Mode and Type pins). The modulator should 
be looped back through the receive filter to the demodulator 
for self test (echo back). 


N.C. NO CONNECTION (PIN 17) 
This pin is not bonded internally and should be left.open in 
normal operation. 


TYPE (PIN 18) 

This pin is used to select Bell 202 type operation and 
CCITT V.23 operation. When the type input pin is a‘’1"’, Bell 
operation is selected. When the type input Bn is a‘'0"', the 
CCITT standard is selected. . 


An Bk, ANSWER BACK (PIN 19) 


The answer back input causes the answer back tone to be 
transmitted. The answer back tone is 2025 Hz for the Bell 
mode and 2100 Hz for the CCITT modes. When a high level 
is placed on the An Bk input pin, the Tx Car pin will output 
an answer back tone and CTS will go to a high state, regard- 
less of the state of RTS (see Figure 1). 


Tx Data, TRANSMIT DATA (PIN 20) 


The transmit data ‘input is the serial input to the 
modulator. A high level causes a mark frequency to be 
transmitted, a low level causes a space frequency to be 
transmitted. 


Tx Test, TRANSMIT TEST (PIN 21) 

The transmit test output is a square wave representation 
of the modulator transmit frequency. It is used for test pur- 
poses and should be left open in normal operation. 
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* All delays are + 1.7 ms. 






TABLE 2 — OPERATING MODES 
Answer 


Transmit 
Frequency Back 
Tone Application 
2100 2099.32 CCITT V.23 75 Baud Receive 
2100 1200 Baud Transmit 
1 13 1299.86 Forward Channel 
0 450 450 CCITT V.23 1200 Baud Receive 
. 2100 
1 390 390.5 
0 2200 2199.52 
2025 
1 1200 1200 
0 
1 


75 Baud Transmit 
510 509.73 
390 
390.5 


Reverse Channel 
150 Baud Receive 

Data=0= Space * Crystal Frequency = 3.6864 MHz 

= 1= Mark 





Transmit 
Data 
0 
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1200 Baud Transmit (Bell 202) 
Forward Channel 
1200 Baud Receive (Bell 202) 
150 Baud Transmit 

Reverse Channel 
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INTRODUCTION 

_ This application note is intended to give an understanding 
of key systems and how they differ. A theoretical architec- 
ture based loosely on many of the 16 station key systems now 
in existence will be presented. Possible variations and the im- 
pact on overall design will also be discussed. 


WHAT IS A KEY SYSTEM? 


A key system is a telephone system that can be used behind 
a PBX or central office. Generally, key systems are designed 
to support as many as 100 telephones, and provide service to 
these phones with up to 50 percent trunking (a trunk may be 
either a PBX or central office line connecting the key system 
to the rest of the world). The telephone set has several push 
buttons that are not generally found on a K500-type desk set. 
These push buttons allow direct access to several. trunks, 
intercom lines and system features such as hold and do-not- 
disturb. The major difference between a key system and a 
PBX is that a key system allows the user full control over in- 
dividual trunks, while a PBX assigns whatever trunk is 
available when requested (usually this is done by dialing a 
6¢Q? ar : 


-HOW DOES ‘‘SQUARENESS”’ AFFECT THE SIZE? 


There are two basic architectural types of key systems, one 
known.as a ‘‘square’’ system, and the other a ‘‘non-square’’ 
system. In a square system, every subset has control over 
every trunk so there can be no special reserved lines. Some 
designs go one step further by forcing a button appearance 
for each station. The most obvious size limiting factor in a 
square system is the number of buttons on the phone. In a 
non-square system, each phone is provided with a subset of 
the available trunks. While this makes the non-square system 
design appear more attractive, one must understand the com- 
plexity involved. In a square system, only one set of tip and 

‘ring wire pair must be routed to the phone, and since each 
phone looks identical, bookkeeping by the CPU is held to a 
minimum. In a non-square system there must either be a 

separate voice pair for each trunk and intercom link, as in 


1A2 system, or there must be a way to program the 
telephone’s ‘‘profile’’ into the CPU so it can control the sta- 
tion accesses. This presents real problems as there must be 
some input and display device associated with the CPU plus 


_ some form of non-volatile data storage. This storage can be 


anything as simple as several dip switches, or as complicated 
as an intelligent controller that hooks into the system with a 
CRT terminal and programs several EEPROMsS. 


WHAT IS A 1A2 SYSTEM? 
The 1A2 key system is an older system that relied on 


- electro-mechanical devices to accomplish the tasks now 


replaced by modern integrated circuit technology. These 
systems generally included several pairs of tip and ring 
signals which led to each station, where complicated 
mechanical switches selected the desired pair. The connec- 
tions to the outside world were metallic, and therefore were 
of the non-protected variety. The biggest expense was cabling 
and installation labor, because the system required a 25-pair 
cable for each phone. 


WHAT IS MEANT BY “PROTECTION”? 


A protected key system is designed in such a way to pre- 
vent stressful voltages reaching the trunk under any circum- 


stances. Generally, this is accomplished by transformer 


coupling the trunk to the system at the interface and adding 
overvoltage protection. This will prevent any accidents from 
causing problems with the trunk, such as 110 Vac getting to 
the trunk from an improperly installed telephone. When a 


key system is not protected, it must be installed by a 


registered agent of the manufacturing company. Both 
distributor and manufacturer are burdened by expensive 
agency agreements if a system is not protected. 


KEY SYSTEM ARCHITECTURE 


A 16-station square system with protection is outlined in 
Figure 1. The trunk interfaces provide the necessary protec- 
tion to pass the FCC requirements, plus the circuitry to con- 
dition the voice and signaling information to make them 


AN893 









Central 
Office 


ines interfaces 






Subscriber 
Apparatus 








Apparatus 
Interfaces 







Cail 
Progress 
Tones 






Voice 
Matrix 





Station 







FIGURE 1 — Key System Unit 


easier for the system to handle. The voice information is 
passed to a voice matrix, where the information can be 
routed to the proper destinations, and the signaling goes to 
the CPU to indicate what is happening at the interface. The 
station apparatus interfaces provide the voice and data inter- 
faces to the phones. The progress tones are for internal 
supervisory signaling within the switch. The CPU is charged 
with the supervisory and monitoring tasks for all other parts 
of the system. 

A much more detailed look at the voice matrix is provided 
in Figure 2. The voice matrix is an analog crosspoint variety 
which may be composed of relays or CMOS switches. Relays 
are a good voice switch medium for systems with eight or less 
stations, but the newer crosspoint ICs, such as the MC142100 
and MC 142101, are much more cost effective. There is some 
loss associated with the switches (about 100 ohms) that does 
not occur in the relays. In our example we will consider a 
4 x 4 x 2 crosspoint and the dotted lines outlining the three 
chips needed for the matrix. The music-on-hold (MOH) 
music and the tones are separated to help alleviate crosstalk 
within the switch structure. The design includes the ability to 
handle 3 trunks and | internal conversion. This appears to be 
a standard that was implemented through the years. Most 
systems allow expansion to either 2 more trunks or a trunk 
and an intercom link by adding to the matrix. Bridging more 
than one trunk or station can be easily accomplished by set- 
ting multiple contact points. 

The loss the switch introduces into the system is the major 
drawback to using the CMOS crosspoint switch. The FCC re- 
quires that the electrical-to-acoustical loss of the system from 
the trunk to the station must not exceed 2.5 dB. A look at 
Figure 3A shows that a typical trunk-to-station loop has loss 
in two areas. The two crosspoint switches represent a typical 
200 ohm resistance when they are in an on state which creates 
about 2.5 dB of loss in a 600 ohm system. Each transformer 
also introduces some loss so the electrical-to-electrical loss 
exceeds 2.5 dB. Changing the internal resistance of the loop 


minimizes the switch resistance but the transformer efficien- 
cy is greatly decreased so no advantage is found here. The 
loop could be amplified, but this is costly and leads to 
unstable circuitry so the phone must be designed to operate 
on different levels from a standard phone. The FCC allows 
another 2.5 dB of loss for a station-to-station talk path as 
shown in Figure 3B so the extra switches in the loop are not 
a problem. 

Figure 4A is a block diagram of the trunk circuit. When 
the trunk is idle, the tip and ring are bridged by the loop relay 
across the ring detect circuit. This circuit signals the CPU 
when a call is ringing in from the central office or PBX. 
When the trunk is accessed by the system the loop relay con- 
nects tip and ring to the transformer. The protect circuit 
helps prevent surge and static damage. The battery reversal 
detector is an optional circuit that alerts the CPU when the 
tip and ring polarity has been reversed. This usually happens 
momentarily when a central office toll circuit has been ac- 
cessed, so this is for toll restriction. The loop detect circuit is 
needed to indicate when the connection has been terminated 
by the outside caller. This prevents the hold function from 
locking up a trunk. If pulse dialing is to be provided a relay 
circuit similar to the one in Figure 4B must be added to the 
loop. The CPU must read the pulses from the station and 
transfer them to the trunk. Another possible optional circuit 
is a ground loop detector. This is needed to detect grounds 
on a groundstart trunk. These trunks use a ground to start 
where loopstart trunks (the most common kind) use loop 
continuity to start. 

The station interface in Figure 5 is a four-wire design. The 
first pair (tip and ring) are used to provide voice communica- 
tions while the second pair (D+ and D —) provide data com- 
munications. The two resistors in the voice circuit provide a 
current limiting function to prevent catastrophic system 
failures should tip and ring get shorted together. The protect 
circuit functions in a manner similar to the trunk protect cir- 
cuit and the loop detect is used to detect the making and 
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FIGURE 2 — Voice Matrix 


breaking of the loop to pass pulse dialing signaling to the 
trunk. The resistors in the data interface do the same job in 
the voice circuit as does the protect circuit. The differential 
mode transmitter and receiver provide a serial data stream in- 
terface for the data communications. The data is generally in 
a half-duplex ping-pong arrangement, where the outgoing 
data tells the station which lamps should be on, whether the 
ringer is to ring, and whether the call announcer should be 
energized. The incoming data gives the status of the phone S 
hookswitch and the buttons on the keypad. 

Another name for the station apparatus is the keyphone or 
the subset. Figure 6 is a block diagram of the subset. Tip and 
ring come into the subset through the hookswitch. When the 
handset is on-hook, the tip and ring are directed to the 
handsfree/call announcer circuit. This circuit is similar to a 
speakerphone circuit. When the handset is removed from its 
cradle, the tip and ring is routed to the speech network for 
normal telephone operation. Each voice network is powered 
by the battery voltage on tip and ring. The data circuit is 
powered by its own battery feed to help prevent crosstalk be- 
tween voice and data. The data is brought into the control 
logic to activate the lamps, ringer, and in some cases, the 
handsfree/call announcer. 

There are several variations on the voice and data links to 
the subset. Some systems impress the data, which generally 
has a rate well above the voice channel, onto the tip and ring 
for a single pair run. Extra filtering is needed to separate 
voice and data. Another variation connects tip and ring to 
the speech network causing the handsfree/call announcer to 
receive voice over the same wire pair as the data. This allows 
‘‘off-hook call announcing’’ where the user can be paged via 
the call announcer while off-hook talking. Generally the out- 
put level of the call announcer is greatly attenuated when the 
handset is not in the cradle. 

Another interesting variation to the architecture deals with 
‘how the dialing is controlled by the system. In this arrange- 
ment all DTMEF tones or dial pulses originate at the subset 
and are passed through the system as though it is trans- 
parent. This is known as end-to-end signaling. An alternative 
is to place the pulse or tone dialer on the trunk interface and 
read the dial by the control logic so the dialing information is 
passed through the CPU to be interpreted at the trunk. The 
major drawback here is that there must be extra circuitry in 
the subset to produce aural feedback. In a normal phone the 
. DTMF encoder mutes the speech network. Since the encoder 
is not here the mute is lost. The levels needed at the trunk 


may be uncomfortable, so they must not reach the user, 
therefore some feedback must be generated to indicate dial- 
ing has taken place. 


Adaptation of this system into a non-square system re- 
quires several major system modifications. Since a non- 
square system allows only a portion of the trunks and 
available features to be represented as buttons on the subset, 
some scheme of accessing other non-appearing trunks and 
features must be employed. This is usually done by dial ac- 
cess. In a dial access system, every subset must have a dial in- 
tercom button. When this button is accessed the system must 
provide a dial tone and a dialing register. The dialing register 
must be capable of counting dial pulses and decoding DT[MF 
data. Since DIMF decoders alone are in the $20-$30 price 
range the number of registers are generally restricted. This 
can cause bottlenecking problems when there is a need for 
more dial accesses than the number of registers available. 
There is generally a tone associated with this overload (the 
overload is called blocking) that indicates to the user that all 
circuits are busy. If all intercom links are busy when access is 
needed, then blocking also occurs. Now that the buttons 
must have some flexible assignments a data base of the subset 
“‘profiles’’ must be retained by the CPU. In addition to this 


‘data base duty, new software overheads are necessary for the 


CPU to allow dial and button accesses, as well as the addi- 
tion of new, extended features such as dial intercom that are 
generally included in the non-square system. 


There are several alternatives in operation during a power 
failure. One solution is called powerfail cutthrough. In this 
scheme certain trunks are metalically connected to certain 
phones. Our subset design does not support this arrangement 
since ringing would be impossible and the call announcer 
would be bridged across tip and ring when the subset is 
on-hook. The system can be designed so that ringing occurs 
in a normal manner, but a ringing generator is necessary. The 
ringing generator is a specialized ac power source. An alter- 
native is battery back-up, and since most systems have a 
master power supply of 24-48 Vdc, this can be easily ac- 
complished. The major advantage to this that no calls are 
lost on the power loss as in cut-through, and unless a 
sophisticated cut-through system is employed, calls are lost 
on the return to power which again is not a problem in a bat- 


tery backed-up system. The system must be a low-power 


design or the battery back-up system may become pro- 
hibitively expensive. 
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FIGURE 3B — Station-to-Station Loop 








Tip 


B 
attery To 


Reversal 
To Detect Matrix 


Central Protect Detect 
Office 


Ring 


Ring 


Ring 
Detect 
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GLOSSARY OF KEY SYSTEM FEATURES 


All Call — This is where all of the call announcers are 
energized in the system for a general announcement. This is 
similar to a page except the call announcers are used instead 
of auxiliary amps and speakers. 


Background Music — This is a feature that requires an exter- 
nal music source. The music is routed to all of the call an- 
nouncers so that, if desired, the call announcer can provide 
music when the subset is idle. 


Busy Lamp Field — This is an array of lamps or LEDs that 
indicate when each station in the system is busy or idle. This 
is usually abbreviated as BLF. 


Call Announce — This function is performed instead of ring- 
ing. When an individual phone is call announced, the call an- 
nounce circuitry is energized. A warning tone is then sent to 
both parties and then the parties are connected as in a con- 
versation. The called party can talk over the call announcer 
as if it were a speakerphone. 


Call Forward-Busy — An incoming call is routed to a sec- 
ondary subset when first subset is busy. 


Call Forward-Follow Me — An incoming call to one subset is 
routed directly to another subset. 


Call Forward-No Answer — If a call is not answered in a 
specified period of time, the call is rerouted to a second 
subset. 


Call Park — This feature is only used in non-square systems. 
When a call comes in it can be ‘‘parked,’’ then any subset 
can pick the call up by accessing the parked call. This allows 
the subsets to pick up calls on non-appearing trunks. 


Call Progress Monitor — This is a device that allows the 
monitoring of the calling function prior to completing the 
connection. All dial tones, dialing tones and ring back tones 
are heard over an auxiliary speaker as it would sound over a 
handset. This is a simplex device so no conversation can be 
held. 


Camp On-Auto Call Back — When a called station is busy, 
the caller can camp on to that station so that when the subset 
becomes idle, it will ring. If the caller hangs up prior to the 
subset becoming idle, the caller’s subset will ring and after he 
answers, the other subset will ring. The second case is known 
as auto call back and is an extension of the first case being 
camp on. 


Conference — A conference is a call that has more than two 
parties involved in the call at one time. 


Dial Intercom — A dial intercom is an intercom that when 
accessed allows the user to access other subsets, trunks and 
features with dial codes. This is only found in systems where 
there is not an access button for each subset. 
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Do Not Disturb — When this feature is activated at a subset, 
no incoming calls will ring the subset, however, the phone 
can still be used for outgoing calls. The subset will not 
acknowledge the call announcer either. 


Direct Station Select — This allows one subset to establish an 
intercom call with a second subset by using a dedicated but- 
ton as opposed to a dial code. This is a very popular feature 
in small square systems and is generally referred to as DSS. 


Exclusion-Privacy — When active, this feature prevents 
other subsets from barging in on your call. 


Executive Override-Barge In — Barge in is a feature that 
allows one to enter an already active conversation so that a 
conference is created. Executive override is the same feature 
applied to special phones to overcome an exclusive call (see 
Exclusion). 


Handsfree — In an apparatus sense, this is known as 
speakerphone operation. In essence, a conversation is held 
over the subset’s speaker and microphone while the handset 
is in the cradle. This frees the hands for other uses and 
several people can participate in the conversation at the 
handsfree end. 


Music-On-Hold — This is a feature that requires an outside 
music source that may or may not be the same source used in 
background music. When someone is parked or put on hold 
they are provided with music instead of silence. 


Page — This feature is similar to All Call except the general 
announcements are made over a user-supplied public address 
system instead of call announcers. This is especially useful in 
warehouse situations. 


Recall — The recall feature is designed to prevent excessively 
long holds and call parks. When a call has exceeded the recall 
timeout while on hold or parked, it will ring the subset that 
either put it there or an attendant station. 


Remote Answer — This feature exists only on non-square 
systems. When an incoming call rings a subset, it can be 
answered at another subset that does not have that particular 
line by invoking the remote answer feature. 


Repertory Dial — This feature can be associated with either 
the subset or the system. This is where several commonly 
called phone numbers are internally stored and can be 
automatically dialed when accessed. This is also known as 
speed or abbreviated dialing. 


Secretarial Intercom — This is a special case DSS where the 
called subset rings only while the access button is depressed. 
This allows private ring codes to be used between subsets to 
alert the users to special conditions. 
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Station Hunting — Station hunting is an advanced feature 
found usually on large, complex system. This feature allows 
groups of subsets to be ‘‘hunted’’. When a call is placed to 
this group, the first phone rings for a preset period of time, 
and if there is no answer, the second phone in the group 


rings. This will progress through all the subsets and the call 


can be answered at any subset at any time. 


Tie Trunks — A tie trunk is used to link systems together. 
Generally the two systems are remotely located and can even 
be in different cities. The tie trunk does not rely on central 
office intervention. | 


Toll Restriction — This feature prevents unauthorized 
subsets from making toll calls. 


Transfer — This feature is needed only in non-square 
systems and it allows a call to be moved to a subset that does 
not have a button appearance for that call. 
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INTRODUCTION 


Principles of continuously variable slope delta modulation 
for communications systems are discussed including an 
S plane model for a simple delta modulator with adjustable 
gain. A new bipolar I2L circuit for implementing CVSD 
systems is presented. System performance and design tech- 
niques for a basic voice band codec and a telephone quality 
codec are included. Double integration and active compand- 
ing ratio control techniques for improving codec per- 
formance is discussed. The emphasis is on a practical, mass 
producible telephone codec. 

The continuously variable slope delta modulator (CVSD) 
is a simple alternative to more complex conversion schemes 
in systems requiring digital communication of analog signals. 
Voice and audio communications are analog, but digital 
transmission of any signal over great distance is more attrac- 
tive. S/N ratios of the recovered signal do not vary with 
distance when using digital transmission; and multiplexing, 
switching, and repeating hardware is more economical and 
easier to design. However, instrumentation A to D con- 
verters do not easily meet the bandwidth constraints of com- 
munications requirements. The CVSD A to D is well suited 
to the requirements of digital communications and is an 
economical, efficient means of digitizing analog inputs for 
digital transmission. 


THE DELTA MODULATOR 


The innermost control loop of a CVSD converter is a sim- 
ple delta modulator. That portion of the CVSD is shown in 
Figure 1. A delta modulator consists of a comparator in the 
forward path and an integrator in the feedback path of a sim- 
ple control loop. The inputs to the comparator are the input 
analog signal and the integrator output. The comparator out- 
put reflects the sign of the difference between the input 
voltage and the integrator output. That sign bit is the digital 
output and controls the direction of ramp in the integrator. 
The comparator is clocked so as to produce a synchronous 
and band limited digital bit stream. 

If the clocked serial bit stream is transmitted to a similar 
integrator at a remote point, the remote integrator output is a 
copy of the transmitting control loop integrator output. To 





the extent that the integrator at the transmitting location | 
tracks the input signal, the remote receiver reconstructs the 
input signal. Low pass filtering at the receiver output. will 
eliminate most of the quantizing noise if the clock rate of a 
the bit stream is an octave or more above the bandwidth of 
the input signal. Voice bandwidth is 4 kHz and clock rates of 
8 kHz and up are possible. Thus, the delta modulator 
digitizes and transmits the analog input to a remote receiver. 
The serial, unframed nature of the data is ideal for com- 
munications networks. With no input at the transmitter, a 
continuous one zero alternation is transmitted. If the two 
integrators are made leaky, then during any loss of contact 
the receiver output decays to zero and receive restart begins 
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FIGURE 1 — SIMPLE DELTA MODULATION 
An Analog Input Signal Can Be Digitalized and Transmitted by 
Synthesizing a Minimum Error Set of Voltage Ramps. 
The Comparator Clock Establishes the Channel Bandwidth. 


without framing when the receiver reacquires. Similarly, a 
delta modulator is tolerant of sporatic bit errors. 








The fundamental advantages of the delta modulator are its 
simplicity and the serial format of its output. Its limitations 
are its ability to accurately convert the input within a limited 
digital bit rate. The analog input must be frequency limited 
and amplitude limited. The frequency limitations are gov- 
erned by the Nyquist rate while the amplitude capabilities are 
set by the gain of the integrator. For a given signal level, one 
specific gain will achieve an optimum noise level. Unfor- 
tunately, the basic delta modulator has a small dynamic 
range over which the noisé level is constant. 


THE COMPANDING ALGORITHM | 


The continuously variable slope circuitry provides in- 
creased dynamic range by adjusting the gain of the 
integrator. For a given clock frequency and input bandwidth, 
the additional circuitry increases the delta modulator’s 
dynamic range. A block diagram of a complete CVSD codec 
is shown in Figure 2. A new bipolar/I2L integrated circuit 
has been built to provide all of the active elements. External 
to the basic delta modulator is an algorithm which monitors 
the past few outputs of the delta modulator in a simple shift 
register. The register is 3 or 4 bits long depending on the ap- 
plication. The CVSD algorithm simply monitors the contents 
of shift register and indicates if it contains all ones or zeros. 
This condition is called a coincidence. When it occurs, it in- 
dicates that the gain of the integrator is too small. The coin- 
cidence output drives a low pass filter. The voltage output of 
this syllabic filter controls the integrator gain through a V to 
I converter and a slope polarity switch whose other input is 
the sign bit or the up/down control of the delta modulator. 
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FIGURE 2 — CVSD BLOCK DIAGRAM 
A Delta Modulator is Enclosed in a Digitally Controlled Gain Loop 
and Composes a Continuously Variable Slope Delta Modulator. 
A Bipolar/IZL Integrated Circuit Has Been Designed to Provide 
All the Active Circuitry Required. 


The simplicity of the all ones, all zeros algorithm should 
not be taken lightly. Many other control algorithms using the 
shift register have been tried. The key to the accepted 
algorithm is that it provides a measure of the average power 
or level of the input signal. Other schemes provide more in- 





stantaneous information about the shape of the input curve. 
The purpose of the algorithm is to control the gain of the 
integrator and to increase the dynamic range. Thus, a 
measure of the average input level is needed. By monitoring 
both the coincidence of ones and zeros, the shift register per- 


_ forms a function similar to a full wave bridge rectifier. 


The algorithm is repeated in the receiver and thus the level 
data is recoverable at the receiver. Because the algorithm 
only operates on the past serial data, it changes the nature of 
the bit stream without changing the channel bit rate. The bit 
stream in the channel is as if it were from a standard delta 
modulator with a constant level input. 


SYLLABIC AND INTEGRATION FILTER PROPERTIES 


The circuit in Figure 3 is the most basic CVSD circuit 
possible. For many intelligible voice channel applications, it 
is adequate. In this circuit, both the syllabic filter and the 
integration filter are composed of single-pole networks. 

The integration network is chosen to meet two simple con- 
straints. First, it must be an integrator throughout the voice 
band and second, it must be leaky so that bit errors can be 
tolerated and loss of receiver contact does not require an ex- 
ternal reset for reacquisition. Cy5.1 »F and Rj = 10k produce 
a 159 Hz break/frequency and a lossy network. 

The selection of the syllabic filter components illustrates 
an interesting property of the codec. The operation of the 
simple delta modulator may be investigated by deriving its S 
plane transfer function. The comparator is modeled with a 
unit limiter and a summer. The unit limiter has a describing 
function in S if the system is analyzed for sinusoidal inputs of 
the form e sin wt, that is 


Digital Output = 4A ¢ sin wt where A is the peak voltage of 
we the unit limiter. 


It is obviously a non-linear element since the transfer func- 
tion is dependent on the magnitude of the input signal. 

The integration filter has a straightforward transfer func- 
tion description: 


Analog Vout Rx 


Digital Vout CaS + 1/RICp 


where Rx is connected from the comparator output to the in- 
tegrator input and sets the gain of the simple delta 
modulator. 

The closed loop delta modulator model is then 


Analog Vout _ 1 


e sin wt - 4ARx 
+ ©] (S+I/RICp 


Note that the response of the codec is a function of the 
magnitude of the input level. Closed loop CVSD systems can 
be analyzed for steady state inputs by substituting the 
syllabic filter voltage which corresponds to an applied e for 
A. Thus, the gain of the delta modulator is varied to accom- 
modate the applied input level. 
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For a CVSD circuit to perform as an adjusted delta 
modulator, the model equation indicates that A « e must be 
nearly constant. The syllabic filter time constant must be 
large compared to the input frequency. For a maximum in- 
put frequency of 3300 Hz, the time constant must be much 
larger than the 0.3 ms. Thus 3 ms is the minimum allowed RC 
product for the syllabic filter in voice band applications. The 
syllabic nature of voice is responsible for the name ‘‘syllabic 
filter’’. A CVSD codec can only effectively transmit signals 
whose e varies at a frequency much lower than the funda- 
mental frequency of the signal. Conveniently, voice, modem 
signals and DTMEF signals have this syllabic property. 

In Figure 3, a 6 ms time constant is used. In Figure 5, 3 ms 
charge and 9 ms discharge time constants are used to improve 
attack time without sacrificing constant A. Voice syllables 
tend to have this kind of shewed envelope. 


CLOCK RATE AND SHIFT REGISTER LENGTH 


The prime design constraint of a CVSD channel is the 
channel bit rate. Since delta modulator produces a serial un- 
framed bit stream, the bit rate and sample frequency are the 
same. Obviously, as the clock rate increases so will the end to 
end performance. Clocks from 9600 kHz to 64 kHz can be 
used in various applications. 16 kHz, 32 kHz, and 37.7 kHz 
have the greatest acceptance in practical voice communica- 
tion equipment. 

After fixing the system bit rate, the shift register length 
selection must be made. The length of the shift register deter- 
mines the amount of past history which will be taken into ac- 
count in predicting slope. As the clock rate changes, so does 
the amount of signal time recorded by the shift register. 
Therefore, at rates below 16 kHz a three bit algorithm pro- 
duces the best results. From 16 kilobits and up, either 3 or 4 
bits may be used. Four bit algorithms provide flatter S/N 
performance because they account for a longer average past 
history of steady state signals. However, the transient 
response to level changes is slightly degraded because of the 
slower companding response. 

The integrated circuit is produced with either 3 or 4 bit 
registers and is selected by laser link cutting rather than mask. 
option. Depending on the results of the idle channel trim cor- 
rections, the die requiring the smallest step sizes is made into 
a 4 bit register. 


LOOP GAIN CONSIDERATIONS 


The feedback gain of the CVSD codec is set by the selec- 
tion of Rx in Figure 3. After the clock rate, this gain is the 
most critical parameter of codec performance. Since the 
CVSD algorithm improves the dynamic range of the delta 
modulator for lower level inputs, the selection of loop gain 
should be based on the near maximum amplitude and fre- 
quency signal which must be transmitted. Experimental data 
shows that a CVSD codec produces optimum S/N ratio when 
the companding algorithm is active between 5% and 25% of 
the time. Taking this into account, the gain resistor Rx can be 
selected by determining the required integrator current which 
will produce the needed step size for a specified input signal. 
Then the resistor should source the required current when the 
syllabic filter output is about 25% of its maximum value. 

The current required to move the integrator output a 
specific voltage from zero is simply 
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_ Vo , CydVo 


Rt dt 


I] 


Now a0 dBmo sine wave has a peak value of 1.0954 volts. 
In 1/8 of a cycle of the sine wave centered around the zero 
crossing the sine wave changes by approximately its peak 
value. The CVSD step should track that change. The re- 
quired current for a 0 dBm | kHz sine wave is 





y= LL volt, 0.1 uF 1.1 9.935 ma 
*2(i0k) 0.125 ms ; 


*The maximum voltage across Ry when maximum slew is _ 
required is 1.1 V 
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FIGURE 3 — BASIC CVSD ENCODER 
Single Pole Integration and a Single Pole Syllabic Filter 
Are Sufficient for Many Voice Channel Applications. 
Selection of External Components Tailors the Integrated Circuit 
to the Application. 


Now the voltage range of the syllabic filter is the power sup- 
ply voltage, thus 


1 


Rx = 0.25(V 
(YCO) 9 935mA 





for a 5 volt supply Rx=1.3 k 


MINIMUM STEP SIZE 


The final parameter to be determined for the simple en- 
coder in Figure.3 is the minimum step size. With no input, 
the CVSD digital output becomes a one zero alternating pat- 
tern and the analog output becomes a small triangle wave. 
The peak to peak value of that triangle wave is the idle chan- 
nel step size. Its meaning is analogous to the 1/2 LSB quan- 
tization error of a conventional D to A converter. The codec 











cannot resolve or transmit signal levels smaller than the 
minimum step size. In theory, one would wish to make this 
parameter go to zero. However, practical errors such as up 
and down ramp matching, comparator hysteresis, and filter 
op amp offsets combine to cause the idle channel analog out- 
- put to drift away from the zero dc reference. The codec then 
produces two ones or two zeros in order to restore the level. 

To set the idle channel step size, the value of R min must 
be selected. With no input signal, the slope control algorithm 
is inactive. A long series of ones or zeros never occurs. Thus, 
the voltage across the syllabic filter, the voltage divider of Rs 
and Rmin (see Figure 3) sets the minimum allowed voltage 
across the syllabic filter capacitor. That voltage divided by 
Rx must produce the desired ramps at the analog output. 
Again we write the integrator current equation 


l= be Cc; = dV0 For small Vo ¥°-0. 
RJ dt Ri 
Iy=Cy AVO ~~" — where AT is the clock period and AVo is the de- 
AT 


sired peak to peak value of the idle output. 

Thus if Rx and Rs are known, R min may be calculated for 
any system. The design of Figure 3 is complete. 

Figure 4 describes the performance of the codec in Figure 3 
with two sets of curves. The codec was optimized around 
0 dBm but the S/Nc ratio falls only 6 dB at — 30 dBm. The 
low pass nature of the codec and the change of frequency 
response with input level is documented on the left of the 
figure. 


S/N IMPROVEMENT USING TWO 
POLE INTEGRATION 


One pole integration filters are not the only possibility. Ifa 


two pole integration network is used instead of the simple. 
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one pole, an S/N improvement can be realized. An encoder 
using such a network is shown in Figure 5. Adding a second 


. pole in the transfer. function of the integrator simply reduces 


the total noise bandwidth of the analog output without af- 
fecting the relevant voice energies. From another point of 
view, a 11110111 input to a single pole integrator produces a 
large ramp reversal at the 0 value since the 0 step will be in the 
opposite direction but equal in magnitude to the 1 ramp 
before and after it. Since the analog signal is band limited, it 
was obviously continuing to decrease at the 0 step and an er- 
ror in tracking is encountered. If two pole integration is used, 


the 101 reversal is filtered and the 0 step is much smaller than | 


the 1 step preceding it in the long string of ones. Thus the 
total error is less. A two pole filter can improve noise perfor- 
mance by 3 or more dB across the entire input level range. 

The first pole is still placed below 300 Hz to provide the 
1/S voice content curve and a second pole is placed some- 
where above the | kHz frequency. For telephone circuits, the 
second pole can be placed at 1.8 kHz to exceed the 1633 
DTMF frequency. The lower the second pole frequency, the 
greater the noise improvement. To ensure the encoder loop 
stability, a zero is added to keep the phase shift less than 
180°. This zero should be placed slightly above the low pass 
output filter break frequency so as not to reduce the effec- 
tiveness of the second pole. A network of 244 Hz, 1.8 kHz 
and 5.3 kHz is used for telephone application in Figure 5 
while 160 Hz, 1.2 kHz and 2.8 kHz might be used in voice 
only channels. The integration filter in Figure 5 has a transfer 
function of 





RoR; S+—! 
Vout RjC 
lin - , 1 1 
R2C2(Ro+Ry) S+——__ oe eee 
(Ro+Ry)C] R2C2 


The selection of the two pole filter network affects the selec- 


tion of the loop gain value and the minimum step size 
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FIGURE 4 — SIGNAL TO NOISE PERFORMANCE AND FREQUENCY RESPONSE 
Data Result From Testing the Circuit in Figure 3. 
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FIGURE 5 — TELEPHONE QUALITY DELTA MODULATOR CODER 
Both Double Integration and Active Companding Control Are Used to Obtain Improved CVSD Performance. 
Laser Trimming of the Integrated Circuit Provides Reliable Idle Channel and Step Size Range Characteristics. 


resistor. The required integrator current for a given change in 
voltage now becomes 





Vout R2C2 RC) AVout 4 
IL = + ————— ——e 
in Ro Ro a Ro +Cy AT 
RjCyR2C2 AVout2 





Ro AT2 


The calculation of desired gain resistor Rx then proceeds 
exactly as previously described using this current equation. 


SUBSCRIBER CARRIER TELEPHONE QUALITY 
CODEC USING MC3418 


Two specifications of the integrated circuit are specifically 
intended to meet the performance requirements of commer- 
cial telephone systems. First, slope polarity switch current 
matching is laser trimmed to guarantee proper idle channel 
performance with 5 mV minimum step size and a typical 1% 
current match from 10 pA ro ~ pA. Thus a 300 to 1 range of 
step size variation is possible. Second, the MC3418 provides 
the four bit algorithm currently used in subscriber loop 
telephone systems. 

With these specifications and the circuit of Figure 5, a 
telephone quality codec can be mass produced. 
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The circuit in Figure 5 provides a 30 dB S/Nc ratio over 50 
dB of dynamic range for a 1 kHz test tone at a 37.7 kilobit 
rate. At 37.7 kilobits, 40 voice channels may be multiplexed 
on a standard 1.544 megabit TI facility. This codec has also 
been tested for 10-7 error rates with asynchronous and syn- 
chronous data up to 2400 baud and for reliable performance 
with DTMF signaling. Thus, the design is applicable in 
telephone quality subscriber loop carrier systems, subscriber 
loop concentrators and small PABX installations. 


THE ACTIVE COMPANDING NETWORK 


The unique feature of the codec in Figure 5 is the step size 
control circuit which uses a companding ratio reference, the 
present step size, and the present syllabic filter output to 
establish the optimum companding ratios and step sizes for 
any given input level. The companding ratio of a CVSD 
codec is defined as the duty cycle of the coincidence output. 
It is the parameter measured by the syllabic filter and is the 
voltage across Cg divided by the voltage swing of the coin- 
cidence output. In Figure 5, the voltage swing of pin 11 is 6 
volts. The operating companding ratio is analoged by the 
voltage between pin 10 and 4 by means of the virtual short 
across pin 3 and 4 of the V to I op amp within the integrated 
circuit. Thus, the instantaneous companding ratio of the 
codec is always available at the negative input of Al. . 





The diode D1 and the gain of Al and A2 provide a com- 
panding ratio reference for any input level. If the output of 
A2 is more than 0.7 volts below VccC/2, then the positive in- 
put of Al is (VCC/2—-0.7). 

The on diode drop at the input of Al represents a 12% 
companding ratio (12% =0.7 V/6 V). 

The present step size of the operating codec is directly 
related to the voltage across Rx which established the in- 
tegrator current. In Figure 5, the voltage across Rx in a direc- 
tion which reduces the difference between the companding 
reference and the operating ratio by changing the step size. 
The ratio of R4 and R3 determines how closely the voltage at 
pin 4 will be forced to 12%. The selection of R3 and R4 is in- 
itially experimental. However, the resulting companding 
control is dependent on Rx, R3, R4, and the full diode drop 
D1. These values are easy to reproduce from codec to codec. 

For small input levels, the companding ratio reference 
becomes the output of A2 rather than the diode drop. The 
operating companding ratio on pin 4 is then compared to a 
companding ratio smaller than 12% which is determined by 
the voltage drop across Rx and the gain of A2 and Al. The 
gain of A2 is also experimentally determined but once deter- 
mined, the circuitry is easily repeated. 

With no input signal, the companding ratio at pin 4 goes to 
zero and the voltage across Rx goes to zero. The voltage at 
the output of A2 becomes zero since there is no drop across 
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Rx. With no signal input, the actively controlled step size 
vanished. 

The minimum step size is established by the 500 k resistor 
between Vcc and VCC/2 and is, therefore, independently 
selectable. 

The signal to noise results of the active companding net- 
work are shown in Figure 6. A smooth 2 dB drop is realized 
from +12 dBm to —24 under the control of Al. At —24 
dbm, A2 begins to degenerate the companding reference and 


_the resulting step size is reduced so as to extend the dynamic 


range of the codec by 20 dBm. The slope overload character- 
istic is also shown. The active companding network produces 
improved performance with frequency. The 0 dBm slope 
overload point is raised to 4.8 kHz because of the gain 
available in controlling the voltage across Rx. The curves 
demonstrate that the level linearity has been maintained or 
improved. . 

The codec in Figure 5 is designed specifically for 37.7 
kilobit systems. However, the benefits of the active com- 
panding network are not limited to high bit rate systems. By 
modifying the crossover region (changing the gain of A2), 
the active technique may be used to improve the performance 
of lower bit rate systems. 

The performance and repeatability of the codec in Figure $ 
represents a significant step forward in the art and cost of 
CVSD codec designs. 
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Data Document the Improvement Realized with the Circuit in Figure 5. 
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Time-slot assigner chip cuts 
multiplexer parts count 


by Henry Wurzburg 


Motorola Inc., Semiconductor Group, Phoenix, Ariz. 


In some communications systems, particularly digital 
telephony equipment, it is hard to examine the data from 
a given source after it has been time-division—multi- 
plexed with other data for serial transmission over a 
common data line. Capturing the data from its time slot 
and converting it into parallel form tor examination 
usually requires many integrated circuits, since the slot 
must be programmable. 


carries out this serial-to-parallel function with the aid of 
only a few inverters and one other 1c. What’s more, the 
cost of implementing the circuit is only a few dollars. 

The timing of a simple three-slot TDM system is shown 
in (a). In digital telephone systems, a data frame may 
consist of anywhere from 24 to 40 time slots, each 
containing 8 bits of data transmitted at rates of up to 
2.56 megabits per second. 


FRAME SYNC 


DATA CLOCK. 


DATA BIT | ee jE 


Ibo ty 


In the all-complementary-MOS capture circuit of (b), 
the MC14094 shift register acts as a serial-to-parallel 
converter, while the 14417 computes when the data is to 
be captured and converted. Just which time slot it cap- 
tures is determined by the binary data present at inputs 
Do-Ds of the 14417. The circuit also provides a valid- 
data output signal. As for speed, the circuit works for 


_ clock rates of up to 2.56 MHz with systems having up to 
A special-purpose IC, the MC14417 time-slot assigner - 


40 time slots. 


Implementing a parallel-to-serial converter for multi- 
plexing data onto the TDM data line is equally simple if 
the 14417 is used as shown in (c). Here, a three-state 
buffer prevents the serial data bus from being loaded 
during idle time-slot periods. The frequency limitations 
of this second circuit are the same as for the capture 
circuit. C 
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The right slot. Time-domain multiplexing (a) assigns to data from several sources specific time slots in a serial data stream. Capturing data 


from a specific slot is made easy with the MC 14417 time-slot assigner (b), which works with the MC 14094 shift register to provide data from 
the source dictated by the select inputs of the 14417. The versatile chip can also provide paralle!-to-serial multiplexing (c). 
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Application Note 


MC14402 MONO-CIRCUIT 
APPLICATIONS INFORMATION 


by’ 


Richard L. Hall and Micheal D. Floyd 
Telecom Systems Engineering 


This application note is intended to ease customer evalua- 
tion of the Motorola MC14402 PCM mono-circuit, par- 
ticularly when using the Motorola Mono-circuit Evaluation 
Board. Schematics and artwork of this board are given as 
well as layout guidelines for designing the mono-circuit into a 
custom PC board. Analog testing considerations are men- 
tioned to help sidestep some of the troublesome aspects of 
-codec/filter evaluations. 


EVALUATION BOARD DESCRIPTION 


The Motorola Mono-circuit Evaluation Board is a small 
PC board that contains all necessary clock circuitry for 


operating the MC14402. Coaxial connectors allow access to 


the analog input/output ports and the only other connec- 
tions required are to the three power terminals—Vpp, Vss 
and VAG. The schematic for this board is shown in Figure 1 
while the artwork is given in Figure 2. 

The clock circuitry uses a 2.048 Mhz crystal to produce the 
2.048 Mhz data clock as well as the 8 kHz sync signal. The 


8 kHz sync is an 8-data-clock-wide pulse that is connected to — 


the RCE, TDE and MSI inputs of the mono-circuit. RCE 
and TDE are the receive and transmit enables respectively, 
-While MSI is the 8 kHz reference input. The 8 kHz sync is 
generated by the MC14417 TSAC (Time Slot Assigner Cir- 
cuit). 

Options are available to help evaluate different channel 
parameters. These include: 


* 600 or 900 ohm channel impedance 

* RSI peak overload voltage of 3.15 or 3.78 volts 

* TTL or CMOS logic levels 

* Transmit and Receive gain adjustment (RxO gain only) 
* A or MU-law coding 

* Power-down capability 





These options are selected by solderable wire straps (S1-S6) 
as described in the Strapping Information Chart. The straps 
can be replaced by DIP switches if desired and can be ob- 
tained from: 


Grayhill Inc. 
561 Hillgrove Avenue. 
La Grange, Illinois 60525 


P/N Name Qty 

78J05 Si | 
78302 ~=S82,S83 2 

78J01 S4-S6 3 


Figure 3 shows the physical location of the strap points as 
well as the component layout. The solid lines indicate the 


~ normal strap positions as shipped from the factory which 
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select Mu-law, 900 ohm, CMOS, 3.78 volts peak operation. 
The straps E1-E10 allow reprogramming of the clock lines to 
provide different clock schemes. Refer to the schematic in 
Figure 1 for changing these straps. 


TEST CONSIDERATIONS 
Input/Output Levels 


_ Obtaining valid test data is highly dependent upon estab- 
lishing the proper input/output voltage levels. However, this 
can be a somewhat confusing task since the mono-circuit can 
use three different peak overload voltages—2.5, 3.1 and 3.8 
volts. The evaluation board permits selection of either 3.1 or 
3.8 volts. For 3.1 volts, the proper input/output level for a 0 
dBm0 test signal is +6 dBm/600 ohms (1.5455 volts rms). 
For 3.8 volts, 0 dBm0 corresponds to +6 dBm/900 ohms 
(1.893 volts rms). Usually, measurement levels are referenced 
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to 0 dBm0 to avoid possible confusion over absolute levels. 
For example, an absolute idle noise measurement of 21 
dBrnC becomes 15 dBrnCO when referenced to 0 dBm0 
(where 0 dBm0= +6 dBm in our system). 


Noise 


Special care has been taken in the layout of the evaluation 
board to minimize noise corruption. The analog and digital 
sections are isolated from each other and bypassing is present 
to reduce high frequency noise. The use of shielded cable for 


analog test lines is recommended to prevent extraneous en-. 


vironmental noise pickup as well as the use of a power supply 
reasonably free of high frequency noise. A 500 pF capacitor 
has been put on the RxO output to bypass any radiated asyn- 
chronous noise that might be picked up at this node. 


Test Equipment 


There are many different pieces of telecommunications 
test gear on the market and most will be more than adequate 
for testing codec/filter parameters. However, the. use of 
wideband measurement devices for such tests as quantizing 


MONOCKT ASYNC / 32 CHAN SYNC 
CLOCK CKT 


618-1029. 


distortion and gain tracking should be avoided since these 
parameters involve very low voltage levels that require a 
selective voltmeter function for accurate results. Also, atten- 
tion should be given to correct selection of input/output 
parameters on programmable test gear such as the Hewlett- 
Packard 3779 PMA and others. 


LAYOUT GUIDELINES FOR PC BOARDS 


* Bypassing of both Vpp and Vss to VAG with 0.1 
microfarad ceramic capacitors (or any other capacitors 
with good high frequency behavior) as close to the part 
as possible. 

* Isolate analog lines from digital sections. The mono- 
circuit pinout facilitates this by keeping digital and 
analog pins on opposite sides of the chip. 

* Use gain-setting resistors in the range of 50 kQ<R<S5 
k0Q to avoid high impedance nodes in the analog section. 


* If VLS is tied to VAG for TTL level selection, then this 
connection should be a short, direct, low inductance 
trace. - 


* In a dual supply environment, Vpp and Vss should be 
connected before VAG (ground). 


MC14402 
SWITCH PROGRAMABLE 
EVALUATION BOARD 


618-1030 





FIGURE 2 — Evaluation Board Artwork 
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FIGURE 3 — Component Layout 


Strapping Information Chart 


S1 These straps select via U1 (MC14417 TSAC) one 
of 32 possible time slots in the 8 kHz frame. 
When used in conjunction with another board, 
performance in different time slots can be 
evaluated. (that is TDE # RCE). 


S2A Selects 600 or 900 ohm input impedance. 

S2B Selects A or Mu-law coding. 

S3A Selects either TTL(TT) or CMOS(CM) logic 
levels. The TTL levels swing from Vpp and 
VAG; CMOS levels swing from Vpp to Vss. 

S3B Powers device up or down. DN = Powered down 


and UP = Powered up. 

S4 Normally loops RDD to TDD. When R-ICN is 
strapped, Mu-law receive idle channel noise can 
be measured (RDD=1 111 1111). 


SS 


R2,R3 


R4,R5 


Rout 
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Controls digital ground of clock logic. When 
CMOS is strapped, digital ground = Vss; when 
TTL is strapped, digital ground= VAgG. Note 
that this strap must agree with the selection on 
S3A. 

Selects either 3.78 or 3.15 volts peak overload 
voltage. 

Adjusts RxO output level where gain= — R3/R2 
(optional). 

Adjusts Tx Analog In level where gain= 
—R4/RS. 

A 1 kilohm pullup resistor is needed when VAG 
output is used by itself to provide ground return 
for RxO or RxO. If VAG is tied to system power 
ground, this resistor can be deleted. 
Determines output impedance. 
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APPENDIX 


A DB By Any Other Name... 


The following is a brief discussion of decibels and how 
they are used in the telephone industry in an attempt to lessen 
the notorious confusion this term can create. 

Engineers are very familiar with the equation definition of 
a decibel which is: 


Decibels = dB = 20 log ve (1) 
or its corollary: 
dB = 10 log BF (2) 


The use of the logarithmic function eases the use of the large 
range of voltage numbers encountered in the telephone in- 
dustry. A decibel is only a relative term; it defines the dif- 
ference between two absolute voltage levels. 

Which now brings us to the absolute decibel—the dBm 
(decibel milliwatt). A dBm is equivalent to a milliwatt of 
power delivered into a reference impedance—usually 600 
ohms. An equation commonly used to calculate dBm levels 
can be derived from equation (2): 


10 log (P2/Pref) 
10 log (P2/0.001 W) 
10 log 1000 (P2) ‘ 

1000 (Vrms¢) 
10 log 600 ohm 


dBm 


where reference impedance = 600 ohms. 


For example, to calculate the peak-to-peak voltage of a 
0; dBm sinusoidal signal: 


“1000 (Vrms2) 
0 = 10 log =e 
100 = (5/3)Vrms2 
Vrms2 = 0.6 
Vrms = 0.7746 


Vp-p = 2(2)1/ 2Vrms 
= 2.191 volts peak-to-peak. 


In order to understand the proper level at a certain point in 
a system, the term dBm0O is used for reference. A dBm0 
defines the nominal signal level at a test point node. Absolute 
levels can then be referred to in dBm0 for comparison to the 
nominal level. For example, suppose that at a certain point in 
a system 0 dBm0 = +6 dBm/600 ohms. Then a — 20 dBm 
signal would be equal to —20—(+6)= — 26 dBm0. There- 
fore, a —20 dBm signal would be 26 dB down from the 
nominal level. 

Noise measurements require a different decibel unit as they 
usually involve some bandwidth or filtering constraint. One 
such unit commonly used (especially in North America) is 
dBrn or decibels above reference noise. The reference noise 
level is defined as one picowatt into 600 ohms or — 90 dBm. 
Telephone measurements typically refer to dBrnC which is 
the noise level measured through a C-message weighting filter 
(a filter that simulates the response of the human ear). Euro- 
pean systems use:a related term called dBmp which is the 
dBm level noise measured through a psophometric filter. 
Both dBrnC and dBmp can be referenced to 0 dBm0 by add- 
ing a zero—dBrnC0O and dBm0p. Two examples are shown 
below to illustrate the use of these units: 


1) 0dBm0 = +6 dBm/600 ohms_. 
Noise measurement = 20 dBrnC 
14 dBrnCo 


2) 0dBm0 = +9 dBm/600 ohms 
Noise measurement = —70 dBmp 
—79 dBm0Op. 


Understanding these units should help avoid any possible 
correlation problems between measurements and published 


_ Specifications. 
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Telecomm ICs create low-ccst 
phone links 4 miles long 


Although the maximum recommended length for 
communications links over uncompensated 24 AWG 
twisted-pair wires is 4000 ft, a few off-the-shelf 
integrated circuits, when configured as a line driver, 
will drive a communications link with a maximum 
length of over 4 miles. The bandwidth of over 3000 
Hz is adequate for remote control, sensing, and even 
private-telephone voice communications. 

Any subscriber-loop interface circuit (SLIC) can 
be used to drive the line. In Fig. 1, a SLIC interfaces 
with voltage-to-frequency and frequency-to-voltage 
converters and a line terminator. Thus a dc voltage 
related to a process at a remote site can be measured 
from a central location and a corrective de voltage 
can be sent in the reverse direction to adjust or 
control the process. 

A variety of ICs can be interfaced with the basic 
driver for signaling or for data or voice transmission. 
Analog-to-digital and digital-to-analog converters— 
such as codecs and CVSDs (continuously variable- 
slope delta modulators used for voice companding) 
—perform the front-end data conversion for a low- 
cost computer link. A variety of dual-tone multifre- 
quency (DTMF) encoders and decoders facilitate 


V 


output 
F-v converter 
Transmit 


V-f converter 
V 


control 


ere ereerere 0 remem terres eevee 


1. The maximum range of an RS-232 or RS-422 communications link can be extended to over 4 miles of 





simple signaling over privately owned twisted pairs. 

A line-driver card exemplifies the simple hardware 
configuration required (Fig. 2). The SLIC uses two 
Darlington pairs as pass transistors to handle cur- 
rents of up to 120 mA. Changing the value of the 
59-kQ resistor used in the feedback path of the 741 
operational amplifier will adjust the transmission 
output gain. The MDA220 rectifier bridge protects 
the circuit against lightning damage. 

The line-terminator card converts a bidirectional 
two-wire line into two pairs of unidirectional lines, 
one transmit and one receive, and then amplifies the 
received and transmitted signals. A simple 
terminator can be made with the hybrid transformer 
and two varistors from a telephone handset. Even 
if a more sophisticated terminator card were built 
using a speech-network IC, the cost of the entire 
system would be less than the cost of the modems, 
PBX lines, or rf transceivers used for short-range, 
private communication links. 

John Hines, Design Engineer, Motorola Inc., 
Bipolar Integrated Circuits Group, Linear IC 
Division, 5005 E. McDowell Rd., Phoenix, Ariz. 
85008. 
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uncompensated 24 AWG wires by aline-driver card based ona single-chip subscriber-loop interface circuit. 
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2. Aline-driver card requires a SLIC, two Darlington pairs, arectifier bridge for lightning protection, and 
an operational amplifier. A resistor in the op amp’s feedback path adjusts the transmission output gain. 


“Reprinted with permission from Electronic Design, Vol. 30, No. 11; copyright Hayden Publishing Co., Inc., 1982.” 
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C-MOS chip set gives 
new life to twisted pairs 


for local networks 


Digital PBXs can now control 64-kb/s voice, data 
from a phone with existing, uncompensated wiring 


by Henry Wurzburg and Garth Hillman 


Motorola Semiconductor Products Sector, Austin, Texas 


L] The communications specialist, keenly aware of the 
voice- and data-handling powers of digital transmission, 
is apt to lament the installed base of billions of dollars of 
twisted-pair wiring veining the U.S. alone. But that 
reaction is premature, for those twisted pairs can be 
utilized through the digital private branch exchanges 
that for some years now have been controlling local voice 
networks up to 2 kilometers long. 

In fact, the internal 64-kilobit-per-second informa- 
tion-handling capability of these PBXs will turn them 
into powerful competitors of Ethernet—and any other 
local-net scheme requiring its own cable—once it can be 
extended to a voice and data terminal or work station 
through standard telephone lines. This proviso has been 
met by a set of monolithic universal digital-loop trans- 
ceivers. From these complementary-MOS chips can be 
built a digital telephone and PBX line card that passes 
voice and data over the phone system and is compatible 
with, but not limited to, existing PBX architectures, as 
Fig. 1 shows. 


The concept 


A voice and data network at 64 kb/s can be thought of 
as an integrated-services digital network. The first ser- 
vice to mature will most likely be based not on the 
typical 10,000-line telephone-company central-office 
switch, with two wires to each telephone, but on the 
more flexible 2,000-line, privately owned PBX with two 
to four wire connections per phone. 

The changeover can be made very simply—by team- 
ing existing wiring with a set of chips suitable for adapt- 
ing the digital telephone and digital PBX to the support 
of 64-kb/s data. The resulting local network would out- 
perform an analog telephone-modem combination, and 
access to distributed and centralized data bases would be 
as convenient—just a phone call away. Because the 
installed analog base is worth too much to throw away, 
these chips would also need to support a mixed analog 
and digital environment. | 

The secret of the design of the MC145420 transceiver 


family is that it encompasses all the subtleties of proper 
transmission of digital data within the chip itself, avoid- 
ing external filtering, compensation, and other changes — 
to the twisted pairs. This feat is accomplished by what 
Motorola calls a modified differential-phase-shift keying 
(MDPSK) modulation technique. . 

MDPSK is not the whole story. This modulation tech- 
nique, combined with “ping-pong” (half-duplex burst- 
mode) transmission, replaces the classic full-duplex 
mode. Such a teaming has advantages in signal delay, 
line balance, and signal dispersion that give a system 
based on it performance superior to that of traditional 
telephone modems. Moreover, important for the smooth 
upgrading of existing equipment, the similarities 
between the operation of the transceiver and convention- 
al codec and filter chips enable a transition from voice- 
only PBX networks to voice and data systems by means of 
line-card and telephone-set retrofits or new design. 

The universal digital-loop transceivers are also com- 
patible with the “plain old telephone services,” or POTS. 
The older analog telephone is connected to the PBX or 
central office switch by two wires that support full- 
duplex voice functions and signaling functions and pro- 
vide a dc path for powering POTS. That is, the telephone 
will still operate in emergency situations when the main 
electrical power is off—an attribute called “fail to 
pots.” A digital telephone must preserve this character- 
istic at the same time as it handles data at high speed. 

In order to accomplish all its tasks, the universal 
digital-loop transceiver had to meet many difficult sys- 
tem and components specifications. For example, it had 
to provide the functions of existing analog telephones, 
yet its transmitted digital bits could not radiate exces- 
sively from the twisted pair. What’s more, the transmit- 
ted bits had to be able to withstand distortion from 
twisted-pair crosstalk and attenuation, and the system 
had to prove itself with a satisfactorily low error rate 
(see “Transmission considerations for putting the trans- 
ceivers in their place,” p. 127). | 

Since the transceiver was called on to provide for all 
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1. Versatile. Motorola’s universal digital-loop transceivers bring the 64-kilobit-per-second data-handling power of the private branch 
exchange to the voice and data telephone or work station over existing twisted pairs, mounting a challenge to Ethernet-like local networks. 


the functions of the existing analog telephone, enough 
data had to be exchanged between the digital telephone 
and the digital line card in a PBX to handle full-duplex 
voice conversations. Further, a means had to be found 
both to send hook-status information to and receive ring 
commands from the line card. By time-honored tradi- 
tion, these considerations required that at least 8 bits of 
pulse-code—modulated voice data and 1 signaling bit be 
exchanged bidirectionally every 125 microseconds across 
the twisted pairs and through the transceiver. However, 


in order to have simultaneous communication of user. 


data, at least 1 additional data bit needs to be sent, 
pushing the minimum number of bits required for simul- 
taneous voice and data operation to 10. | 

The 145420 universal digital-loop transceivers ar 
partitioned into two chip sets for operation on the usual 
PBXs with either two- or four-wire pairs. In the two-wire 
transceivers, 8 bits of PCM data plus 1 signaling bit and 1 
user data bit are transmitted bidirectionally each 125 ys 
in the ping-pong transmission scheme. This scheme is 
used instead of full-duplex methods because the latter 
require complex and expensive echo-cancelling hybrid 
circuits in the telephone-PBX connection. 

Nonetheless, the ping-pong mode brings its own com- 
plications. The propagation delay of the twisted pair 
imposes a limit on its maximum loop length—the dis- 
tance from telephone to PBX. This limit can be calcu- 
lated —for example, the minimum date rate of the burst 
turns out to be 246.9 kilohertz for typical figures like 10 
bits of data, a propagation delay of 7 us/km, maximum 
loop length of 2 km, and a line settling time (transient 


decay) of 8 us. The 256-kHz rate selected for the 145420 
devices builds in a safety margin, in case, for example, 
settling time or propagation delay is longer than 
expected; plus, it is easily obtained from standard PBx 
clock frequencies. | 

In four-wire operation, because line propagation delay 
is not a factor, additional bits of user data may be 
exchanged. The four-wire transceivers add another 8 bits 
to the user data burst to obtain an. 18-bit field. The 
resulting 8+1+1+8-bit data format permits an 8-bit 
field to be used for either voice or data with a signaling 
bit for each field that defines the difference. This format 
is compatible with the proposed International Consulta- 
tive Committee for Telegraphy and Telephony recom- 


- mendations for the Integrated Services Digital Networks 


being developed by the European postal and telecommu- 
nications authorities for voice and data handling. 

The transceivers are configured so that either 8-bit 
field can be handled at the PBX as data to be routed 
through the switch as if it were a typical voice signal. 
The signal bits may be employed as hook-status and 
ring-control bits, as additional user data, or as feature- 
control data, a flexibility that permits the chips to be 
retrofitted into existing architectures yet still be able to 
accommodate evolving PBX designs. 


Modulation methods 


Several modulation methods for transmitting digital 
data over twisted pairs are in common use. For 300- and 
2,400-bit-per-second data over analog lines, modems 
transmit by frequency-shift and differential_phase-shift 
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Transmission considerations for putting the transceivers in their place 


The MC 145420 family of transceiver chips was developed 
to endow the installed base of standard twisted-pair tele- 
phone wire with the 64-kilobit-per-second information- 
handling capability of the digital private branch exchange. 
These complementary-MOS universal digital-loop trans- 
ceivers can be implemented in a digital telephone and 
PBX line card that pass voice and data over the phone 
system. But key to their successful implementation is the 
selection of the transmission scheme to send and receive 
data over the twisted pairs. Some of the major factors 
influencing this selection include the allowable radiation, 
crosstalk, line attenuation, and error-rate performance of 
the telephone PBX. 

The radiation requirements can be satisfied with almost 
any transmission scheme if the twisted pair has perfect 
balance. However, this requires a mechanically and elec- 
trically symmetrical system that is possible only in theory. 
In practice, though, any transmission scheme must oper- 
ate within the radiation limits with line balances in the 
40-decibel range or less for installed twisted pairs. 

It is critical, then, that both the amplitude of the discrete 
frequency components of the transmission signal and the 
frequencies themselves be as low as possible to minimize 
radiation. The amplitude and frequency factors, known as 
spectral content, also affect crosstalk (how much signal 
couples from one twisted pair to another). In most PBX 
systems, crosstalk determines the received signal's signal- 
to-crosstalk ratio and therefore its overall performance. 

Motorola based its new transceivers on the worst-case 
crosstalk situation for various twisted-pair configurations. 
The worst-case signal-to-crosstalk ratio turned out to be 
about 20 dB, itself an acceptable figure. Even more 
encouraging, a considerably higher ratio can be expected 
in 99% of the twisted pairs in a typical system. 

Radiation and crosstalk are determined in part by the 


output drive power of the transceiver and the attenuation 
of the twisted pair. Deciding how much power is to be 
transmitted over the twisted pair involves a_ tradeoff 
among the twisted-pair attenuation, the available dc pow- 
er at the telephone, the expected power losses due to 
radiation, and the device's receiver sensitivity. To get the 
least feasible receiver sensitivity over the greatest operat- 
ing distance from telephone to PBX, the more power that 
is transmitted, the better. However, this directly conflicts 
with any requirements for low radiation and minimum 
power consumption. The members of the 145420 series 
are capable of driving the twisted pair with a 6-volt peak- 
to-peak, 7.5-milliampere peak-to-peak signal from a single 
5-V supply without external drivers—a reasonabie com- 
promise among the size of the device, its power consump- 
tion, and a useful receiver sensitivity. 

To determine this receiver sensitivity, the attenuation of 
the twisted pair must be taken into account. From a graph 
of the worst-case attenuation versus length for typical 
twisted pairs, an attenuation of 33.4 dB can be expected 
at the desired maximum loop length of 2 kilometers for 
26-gauge wire pairs. For 22-gauge wire pairs, attenuation 
is 21.1 dB for 2 km. 

The characteristic impedance of twisted pairs and the 
electrical properties of the transceiver are such that a 
matching-transformer network can be readily designed to 
couple the device to the twisted pair and fully utilize the 
transceiver’s drive capability. With this transformer net- 
work and an assumed maximum line attenuation of 33.4 
dB, the 6-V peak-to-peak signal will be attenuated 39.4 
dB at the receiver to 65 millivolts peak to peak. This last 
figure sets the required sensitivity of the device as a 
receiver. The actual power on the twisted-pair line is about 
10 dBm, which is roughly equivalent to the maximum 
signal power present in an analog telephone system. 





ALTERNATE-MARK INVERSION 


\ 
DIFFERENTIAL-PHASE-SHIFT KEYING 


MODIFIED DIFFERENTIAL-PHASE-SHIFT KEYING 


2. Better yet. For purposes of transmitting 256-kb/s data bursts on 
twisted pairs up to 2 kilometers in length, a modified differential 
phase-shift-keyed signal has better electrical properties than either 
alternate-mark—inversion or unmodified DPSK methods. 





keying; PCM data between telephone switches is com- 
monly transmitted at 1.544 megabits/s by means of 
alternate-mark-—inversion (AMI) modulation. Although 
this last technique has been demonstrated to be a good 
modulation technique for continuous, simplex high-speed 
data transmission over twisted-pair lines between 
switches, it has some disadvantages in a two-wire ping- 
pong PBX voice and data system. As a result, a modified 
form of triangular-waveform DPSK modulation (MDPSK) 
is used in the digital-loop transceivers. 

One reason DPSK was preferred to AMI is illustrated in 


Fig. 2, which compares AMI, DPSK, and. MDPSK wave- 


forms. AMI codes a 0 data bit as the absence of a pulse 
during a bit period, whereas Is are coded as '/-bit-wide 
pulses of alternating polarity. Such a coding scheme 
necessitates the addition of a start bit in each burst to 
denote its beginning, increasing the total number of bits 
transmitted in each burst from 10 to 11 and resulting in 
a shorter maximum operating loop length. 

In contrast, DPSK encodes data as phase reversals of a 
256-kHz carrier. A 0 is indicated by a 180° phase shift 
between bit boundaries, while the signal continues in 
phase to indicate a 1. This method needs no additional 
bits to indicate the start of the burst. 

The MDPSK waveform actually used in the transceiv- 
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3. Obey. The universal digital-loop transceiver chip is designed in both master (a) and slave (b) versions. The 24-pin master takes care of 
four-wire PBXs, and the 22-pin master handles two-wire systems. The companion slave chips both have 22 pins. 


ers is a slightly modified form of DPSK, as shown in the 
figure. The phase-reversal cusps of the DPSK waveform 
have been replaced by a 128-kHz half cycle to lower the 
spectral content of the waveform, which, save for some 
key differences, appears quite similar to frequency-shift 
keying.. The burst always begins and ends with a half 
cycle of 256 kHz, which helps locate bit boundaries. 
Also, since each bit period has no net dc level indepen- 
dent of the data sequence, no dc-balancing bits have to 
be added to the. burst to prevent the line from charging 
up between bursts. | 
‘Comparison of frequency spectrums of pseudorandom 
data bursts encoded with AMI and MDPSK show that 
AMIs main lobe is at half the bit rate, compared with 
three quarters the rate for MDPSK. But AMI has signifi- 
cantly more energy in its higher-frequency side lobes. 
Both modulation methods have about 87% of their total 
energy in the 0-to-256-kHz range. However, AMI has 
much more of its remaining power at higher frequencies 


than does MDPSK, and since this can lead to increased 
radiation and crosstalk, it requires additional filtering. 
Because the twisted pair is dispersive (it has both 
nonlinear phase and nonuniform frequency response), 
the higher spectral content of AMI degrades the 145420 
receiver’s detection capabilities. To bring AMI up to an 


acceptable level of performance would take costly and 


complex twisted-pair phase and frequency-response 
equalization, clearly an approach that vitiates the advan- 
tages of using existing twisted pairs. 

MDPSK’s demodulation technique is another plus. The 
digital-loop transceivers use a correlator to determine if 
the signal during the “‘present” bit period is either in or 
out of phase with that of the preceding period. To do 
this, samples of the waveform are taken each bit period 
and then limited and correlated with those of the pre- 
vious period. With AMI the threshold varies with line 
attenuation and dispersion, making it hard to obtain an 
optimum noise margin over the range of possible twisted- 
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pair lengths. In contrast, with MDPSK, the correlator’s 
limiter threshold turns out to be optimum for all twisted 
pairs regardless of their noise margin and line length. 

MDPSK has yet another advantage. Because an MDPSK 
signal does not require either additional parity bits in the 
burst or special encoding techniques, a simple error- 
detection scheme can be implemented when demodulat- 
ing it. Conveniently, every bit period has a zero crossing 
in mid-period. Simply checking that the waveforms dur- 
ing the two half periods are of opposite polarity yields a 
measure of the integrity of the received signal. If there 
has been sufficient corruption of the signal for it to fail 
this test, an erroneous bit decision will most probably be 
made by the demodulator, and an error indicated. 

in a ping-pong transmission system, the transceiver at 
the PBX transmits a burst of data every 125 us to the 
remote device in the telephone, which in turn bursts back 
to the PBX. Since separate framing and bit clocks are not 
separately transmitted, the remote transceiver must gen- 
erate these signals to demodulate the data. In addition, it 
must generate the synchronization and data clocks 
required by the codec in the telephone. 


Marching to a different drummer 


Some jitter can be tolerated on these signals, but 
beyond 1% may cause the codec to generate spurious 
signals, making synchronization and clock recovery. a 
problem. A phase-locked loop may be one resort for 
frame or data clock recovery, or for both; however, its 
circuitry is complex and requires external components. 
In contrast, the digital-loop transceivers manage a sim- 
pler yet effective synchronizing-pulse-recovery scheme 
that is compatible with currently available C-MOS tech- 
nology and requires no external components. 

For the 145420 to recover synchronization, the begin- 
ning of the incoming burst is located by an energy- 
detection circuit. The output signal of this circuit is 
analyzed by a signal-processing algorithm to guard 
against false synchronization from noise spikes. The 
demodulation circuit’s bit timing is derived from a high- 
speed local asynchronous clock enabled by the detection 
of the beginning of the burst. Detection of the first zero 
crossing, which will always occur 4 bit period into the 
burst, makes the bit timing more accurate. 

Since timing is determined by the burst rate of the 
transceiver located at the PBX, a master-slave relation- 
ship exists between this transceiver (master) and the 
remote one (slave). The slave generates the framing 
clock it outputs to the codec on the basis of the occur- 
rence of demodulation of the burst from the master. 
Because a phase-locked loop is not used, the only means 
the codec has for generating a data clock is to derive it 
from the local asynchronous crystal clock. 

This clock is derived by dividing the local crystal’s 
signal down to 128 kHz and stretching or shortening the 
last half cycle of each frame in order to absorb slippage 
between the master’s and the slave’s clock sources. With 
a specified limit of 0.25% on the amount of allowable 
slippage between the master’s frame rate and that 
obtained with the slave’s asynchronous crystal clock, this 
method will not generate out-of-specification, spurious 
codec-output products. 


What’s more, this synchronization method, plus the 
previously mentioned modulation and demodulation 
techniques, can be fully integrated on chip without any 
external components. It produces a telephone PBX sys- 
tem bit-error rate of better than 10~¢ for a typical 2-km 
loop with worst-case mean signal-to-noise ratio on the 
order of 20 decibels—as good as or better than conven- 
tional modem performance in telephone systems. 


The inner sanctum 


Simplified block diagrams of the. master and slave 
versions of the 145420 are shown in Fig. 3. In the 
master, an 8-bit voice or user data word is serially loaded 
each frame into the transceiver through the receive-data 
input from the PBX, under control of the receive-strobe 
and master-clock inputs. This data, together with 2 
signal bits, is fed to the modulator and is burst to the 
slave each master-synchronizing period. The returning 
burst from the slave is demodulated, and the 8-bit user- 
voice data is output to the PCM data path under the 
control of the transmit-strobe signal, while the received 
signal data bits are sent directly to separate pins. 

As mentioned, there are two versions of the master 
145420. The first is the 24-pin MC145420, intended for 
four-wire operation. It allows two 64-kb/s channels to be 
independently routed through the pBx data switch along 
with two 8-kb/s data channels. The second version is the 
22-pin MC145422, which provides one 64-kb/s channel 
plus two 8-kb/s signaling channels in two-wire configu- 
rations. The companion four- and two-wire slave trans- 
ceivers are the 22-pin MC145425 and MC145426, 
respectively. 

The slaves demodulate the burst from the master each 
frame and send this data serially to the telephone codec, 
or data port, over the transmit-data pin. They also 
generate the 128-kHz data-clock and transmit- and 
receive-strobe signals. Again, the received signal bits are 
available as separate outputs. To permit the line to settle 
between bursts, the 8-bit serial data from the codec or 
data port that was loaded into the transceiver the pre- 
vious frame, together with the signal data inputs, is 
modulated and burst back to the master approximately 8 
us after demodulation is completed. 

The transceivers are implemented in a silicon-gate 
C-MOS process that efficiently integrates high-speed digi- 
tal and precision analog circuitry on the same die while 
minimizing power consumption. But conventional C-MOS 
analog operational-amplifier and comparator input off- 
sets can vary as much as +20 millivolts from part to 
part and over temperature. Therefore temperature- 
insensitive and precisely specified switched-capacitor 
techniques are extensively employed to accurately detect 
65-mvV signals without resorting to off-chip components 
or trimming devices. 

In the demodulator, all the amplifiers and compara- 
tors are automatically zeroed to eliminate their input 
offsets. A precision switched-capacitor band-gap voltage 
reference, accurate to within 1% without internal trim- 
ming, provides the needed threshold references. The 
modulator also employs switched-capacitor technology 
to generate the precision 256-kHz triangular waveform 
with sufficient spectral purity. The only circuit elements 
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4. Basic. The universal digital-loop transceiver chip combines with 
other chips to form a digital voice and data telephone that is 
compatible upward and downward with existing and future private 
branch exchanges and central-office switches. . . 


not integrated are the line-coupling transformers men- 
tioned, a protection network, and a slave-unit crystal. 

The 145420 series is flexible enough to fit into existing 
PBX architectures as well as new designs. For example, in 
a typical multiline digital PBX line-card application 
employing the two-wire master transceiver, a local 
microprocessor can control both data-bus time-slot 
assignment and signaling. In this design, MC14418 
time-slot-assigner circuits generate the data-strobe sig- 
nals for the transceiver under command of the system 
controller. 


All aboard 


Also, the digital-loop transceiver minimizes line-card 
interconnections by having its signaling-bit input/out- 
put, status, and control pins share a common bus to the 
controller. Further, to lend the system greater flexibility, 
both the 145422 and 145420 are designed to operate 
with data clocks of 64 kHz to 2.56 megahertz. In-system 
testing and diagnosis is accomplished by a loop-back 
feature, and a power-down control keeps the lid on 
power dissipation when the line is not in use. 

Because two-wire systems have only one 64-kb/s 
channel, the 145422 can insert one of the signaling bits 
that is exchanged between it and the slave into the 
64-kb/s channel routed through the PBX. In this manner, 
duplex voice conversations and 8-kb/s user data can 
simultaneously be routed between telephones without 


special switching provisions. The remaining signal bit is 






unaffected in this mode and may signal hook status to 
the line card plus ring commands to the telephone. The 
four-wire device, on the other hand, has two 64-kb/s 
duplex channels for simultaneous voice and data use. 

A basic digital telephone compatible with existing PBX 
architectures is shown in Fig. 4. Depending on line 
configuration, either the MC145425 or MC145426 is 
used. In four-wire configurations, access to the addition- 
al 64-kb/s user data channel involves only four wires: 
transmit data out, receive data in, synchronization out, 
and data clock out. In two-wire applications, the unused 
signal bit can serve as an 8-kb/s user data channel, .as. 
described previously, or, when voice communication is 
not needed, the 64-kb/s channel normally directed to the 
14402 codec can transmit and receive data. 

Hook-status information is sent on one of the outgoing 
signal bits, while ring commands are received on the 
in-bound signal bit. In the telephone, ringing is created 
by amplifying a tone on the voice channel, as shown, by 
means of a piezoceramic buzzer or a dedicated tone- 
ringer chip like the MC34012. Call signaling is within 
the province of dual-tone multifrequency chips or can be 
done by pulse-dialing the hook-switch status bit. 

Like the masters, both slave units have a _pin- 
controlled loop-back feature for in-system testing. In 
addition, they have an automatic power-up or -down 
feature for the telephone to automatically power down 
when not in use. A transparent protocol routes bits so as 
to avoid line collisions and arranges for either the master 
or the slave to initiate a call when the other is down. 

The addition of a microprocessor can endow the tele- 
phone with repertory dialing, audio path control (volume 
and speakers), and command key coding, all of which 
involve the two 8-kb/s channels in sending and receiving 
commands from the PBX controller. In this application, 
both the 145425 and -26 have a built-in tone generator 
that, when activated, will direct a 500-hertz tone to the 
codec as an audible indication that telephone-keyboard 
closures have been made. | 
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INTRODUCTION 


Digital Voice and Data PBXs are well accepted today as a 
viable communication networking solution. This type of 
PBX has proven to be a complete and cost effective intercon- 
nect approach toward automating the office environment. 

A typical Digital Voice and Data PBX, as shown in 
Figure 1, can appreciate a variety of interconnect functions. 
Besides supporting the standard analog voice service, the 
PBX provides an inexpensive means for interconnecting 
word processors, CRT terminals, gateways to Local Area 
Networks (LAN) and other office equipment. The cost effec- 
tiveness of this approach is desirable because of the low con- 
nect cost and the use of twisted pair wire in lieu of coaxial or 
fiber optic cable. 


The feasibility of the Voice and Data PBX is made possible 
from the development of cost effective LSI semiconductors 
that allow high speed data transmission over twisted pair 
wire. These ICs, like Motorola’s Universal Digital Loop 
Transceivers (UDLT) allow simultaneous transmission of the 
64 kbps PCM data, as well as signalling and user data be- 
tween the digital phone and the PBX. With this capability, 
full featured digital phones and workstations, where voice 
and user data can simultaneously be transmitted over the 
existing twisted telephone wire, are made possible. 

This paper will discuss Motorola’s Universal Digital Loop 
Transceiver (UDLT) family of LSI semiconductors, that 
offer a cost effective approach to integrating a Voice and 
Data PBX. 
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DESCRIPTION OF A VOICE AND DATA PBX 


Most digital PBXs manufactured today offer the option of 
analog line cards, for voice services, and digital line cards, 
for voice and data services. This type of architecture, as 
shown in Figure 2, uses an interchangable back-plane com- 
patible to both types of line cards. The interchangable back- 
plane allows the PBX to be structured for many combina- 
tions of analog or digital voice/data line cards. 

The analog line card contains the traditional functions. 
For example, it includes the Time Slot Assignment Circuit 
(TSAC) used for logic supervision, the PCM codec/filter 
(mono-circuit) used for voice coding and decoding and the 
Subscriber Loop Interface Circuit (SLIC) used to perform 
the 2 to 4 wire conversion. Also, battery feed, secondary- 
lighting protection, line fault protection, and signal- 


balancing functions are included. The back-plane for the 
analog line card interfaces to the PCM highway and the 
supervision control lines. 

On the digital line card, the PCM mono-circuit and SLIC 
have been replaced with the Master UDLT. The analog voice 
coding and decoding is now performed by the mono-circuit 
in the phone. The 64 kbps PCM data and the user data are 
transmitted between the Master and Slave UDLTs at a full 
duplex data rate of 80 kbps over the twisted wire. Due to the 
UDLT’s unique modulation technique, data can be reliably 
transmitted over standard twisted wire up to 2 km with no ex- 
ternal filtering or compensation circuitry. The Master UDLT 
performs the same back-plane I/O functions as the PCM 
mono-circuit. This allows interchanging of the analog and 
digital line cards in the PBX. 
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MOTOROLA’S LSI IC FAMILY 


PCM MONO-CIRCUITS 


Motorola’s family of PCM mono-circuits incorporates the 
codec, filter and voltage reference functions into a single IC 
package. These devices perform the voice digitizing and 
recovery, as well as the band limiting and signal ‘restoration 


necessary in PCM systems. The mono-circuits are tailored . 


for a variety of PBX architectures. The family consists of 
five different device types. The MC14400, MC14403 and 
MC14405 are in a 16 pin package. The MC14401 is in a 18 pin 
package, and the MC14402 is in a 22 pin package. Figure 3 
shows the functional block diagrams that make up all the 
mono-circuits. They are the transmit and receive filters, the 
DAC decoding/encoding logic, the on board selectable 
voltage reference and the transmit and receive digital I/O 
logic. Some basic features are: 


Low power CMOS technology 

Single or split power supplies 

Power supply operation at 6 to 13 volts - 

On-board selectable voltage reference 2.5, 3.1 or 3.8 volts 
Data clock from 64 kHz to 3 MHz 

CMOS or TTL I/O interface a4 
High output drive capability—12 dBm into 600 ohms 
16, 18, and 22 pin package options 

A-law CCITT, MU225-law D3 and MU255-law sign 
magnitude selectable 

@ 28 pin leadless chip carrier package 

@ No external components 


The PCM mono-circuit family offers options suited for 
both line card and digital phone applications. 


PCM MONO-CIRCUIT BLOCK DIAGRAM 
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TIME SLOT ASSIGNER CIRCUIT (TSAC) 


Motorola has three different per-channel TSAC ICs. The 
MC14418 is the full featured TSAC in a 22-pin package. In 
addition to performing all the supervision and control func- 
tions required in a single-party telephone line circuit, it per- 
forms the variable time slot assignment required in many 
digital switching applications. 


The TSAC can be programmed for up to 64 8-bit time slots - 


through a serial microprocessor port. It also has three addi- 
tional MPU-programmed control bits that can be used for 
ring enable, power down, receive data/tone or other control 
and supervision functions. A reset pin is used, in conjunction 
with the ring enable, to perform the ring trip function. The 
unique addressing capability allows the use of a completely 
parallel back-plane for PCM codec/filter-based equipment. 
This scheme simplifies back-plane wiring and assembly of the 
channel group. 


The MC14417 has the same core as the MC14418 but does 
not use the MPU port feature. Time slot data inputs are 
directed through an 8-bit parallel port..The data may be 
either hard wired on the printed circuit or parallel loaded by 
a processor using the Latch Enable function. 


~The MC14416 is also a subset of the MC14418. It performs 
the time slot assignment function using the serial MPU port, 
but it lacks the simplified addressing and line circuit control 
capabilities of the MC14418. 


MASTER AND SLAVE UDLT 


_ The MC145422 Master and MC145426 Slave UDLTs are 
high-speed transceivers intended to provide 80 kbps duplexed 
data communication over 26 AWG and larger twisted pair 
cable up to 2 kilometers in distance. The UDLTs allow the 
remoting of the mono-circuit in a digital telephone set and 
enable each set to have high speed data access to the PBX 
switching facility. In effect, the UDLTs allow each PBX 
subscriber direct access to the inherent 64 kbps data routing 
capabilities of the PBX. | 


The UDLT provides a means for transmitting and receiv- 
ing 64 kbps of voice data and 16 kbps of signaling data. The 
Master UDLT replaces the codec/filter and SLIC on the 
PBX line card, and it transmits and receives data over the 
wire pair to the telset. The Master UDLT, as shown in 
Figure 4, appears to the line card and backplane as if it were 
a PCM codec/filter and has almost the same digital interface 
features as the MC14400 series mono-circuits. The Slave 
UDLT, shown in Figure 5, is located in the telset. It inter- 








faces the mono-circuit to the twisted wire pair. The . 
Master/Slave UDLTs operate in a frame synchronous man- 
ner, sync being established at the Slave by the timing of the 
Master’s transmission each frame over the twisted pairs: to 
the Slave. The Master’s sync is derived from the PBX 
frame sync. 


MASTER UDLT BLOCK DIAGRAM 
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The UDLT utilizes a ‘‘ping pong”’ transmission technique, 
as shown in Figure 6. Ten bits (eight bits of PCM data and 
two bits of signaling data) are sent in a 256 kilobaud burst 
from the Master UDLT every frame or 125 ys. The Slave 
UDLT receives this burst and, after a short line settling inter- . 
val, returns at 256 kilobaud, 10 bit burst of data to the 
Master UDLT. With this transmission scheme, the maximum 
loop length is determined by the cable delay time, number of 
bits in each burst, and the burst baud rate. This results in a 
maximum loop length of 2 km. 


3-32 © 


The UDLT uses a modified DPSK (MDPSK) modulation 
technique, resulting in a triangular waveform, as shown in 
Figure 6. This waveform results in a lower spectral content, 
thus low EMI and RFI radiation. The MDPSK waveform is 
very similar to FSK, except that the burst always begins with 
a 256 kHz half cycle which identifies the burst boundaries. 
Each baud period has no net dc bias. This eliminates any dc 
balancing bit requirement. Furthermore, auto equalization 
for phase dispersion is not required. 
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A feature of the Master UDLT allows one of two signal 


bits to and from the Slave to be inserted and extracted from > 


the PCM word. This feature allows simultaneous voice and 
data transmission through the PBX. All UDLTs have a loop- 
back feature by which the device can be tested in the user 
system. 


The Slave UDLT has the additional feature of providing a 
500 Hz MU or A law coded square wave to the mono-circuit 
when the TE pin is brought high. This feature is used to pro- 
vide audio feedback in the telset during keyboard depres- 
sions. ; 


The devices employ CMOS technology in order to take ad- 
vantage of its reliable low-power operation and a proven 
capability for complex analog/digital LSI functions. 


DATA SET INTERFACE (DSD 


The MC145428 Data Set Interface circuit, as shown in 
Figure 7, provides the asynchronous to synchronous data 
conversion to the UDLT, as well as the synchronous to asyn- 
chronous data convertion from the UDLT. The DSI IC is 
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ideally suited to provide an interface between a RS-232 port 
and the UDLT. The DSI IC has an on-board baud rate 
generator with 7 selectable baud rates ranging from 300 to 
38.4 kbps. An external baud rate generator can be used for a 
clock range from dc to 128 kbps. Another feature of the DSI 
IC is its ability to optimize the data length by stripping off 
the start and stop bits before being transmitted as a syn- 
chronous word. Likewise, the DSI will add the start and stop 
bits back to the incoming synchronous word. 
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The MC145428 was designed in Si-gate CMOS technology 
and utilized in a 20 pin package. This IC will lend itself to a 
variety cf data communication applications. 


TELSET AUDIO INTERFACE CIRCUIT (TAIC) 


The MC145429 Telset Audio Interface Circuit, as il- 
lustrated in Figure 8, enhances the digital phone by giving the 
microcomputer control of the analog signals between the 


-PCM mono-circuit and the telset mouthpiece, earpiece, 


ringer/speaker, and auxiliary input/output. 


The configuration of the device is programmed via a serial 
digital data port. Features of the MC145429 include: 


@ Independent adjustment of earpiece, speaker, and ringer 
volume 


@ 20 dB mouthpiece signal gain 

@ Signal routing for loopback test 

@ Receive low-pass filter for 8 kHz attenuation 
@ Sixteen possible audio configurations 

@ Provision for auxillary speaker phone 

@ Power-down mode with data retention 
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The MC145429 is designed in Si-gate CMOS technology 
_and is implemented in a 18 pin package. This device adds 
ease of sea signal adjustment with software, in lieu of 
hardware. . 





DIGITAL PHONE APPLICATION 


In Figure 9, a Digital Feature Phone is implemented using 
the MC145426 Slave UDLT, the MC14402 mono-circuit and 
the MC146805 CMOS microprocessor. In this application 
the Slave UDLT generates the clocks and frame periods for 


. both the MPU and the mono-circuit, The Slave UDLT also 


transmits and receives the 64 kbps PCM voice word from the 
mono-circuit and the 16 kbps signaling data for the MPU. 
The UDLT powers down. itself and. the other logic 
automatically in an on hook mode. . 


The mono-circuit is used for voice coding and decoding, as 
well as the interface to the speaker and microphone in the 
handset. The RXO output pin provides the output signal to 
the earpiece, while the RXG pin sets the signal gain. The 
RXO pin provides the output for the ringing signal to the 
piezoelectric transducer or speaker. The TX pins are used for 
setting the gain of the incoming signal and side tone. 


The MPU provides for the keyboard epeoaine: speaker 
enable and other features desired. 
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DIGITAL WORKSTATION APPLICATION 


Figure 10 illustrates a more complete voice/data worksta- 
tion using the full family of Motorola products. The 
MC145422 Master UDLT and the MC145418 Time Slot 
Assigner Circuit (TSAC) reside on the line card in the PBX. 
The TSAC is used to provide the control timing for the 
Master UDLT. Each 125 ms frame the 10 bits of data burst 
from the Master UDLT and is received by the Slave. 


The MC145426 Slave UDLT outputs the 64 kbps PCM 
word to the MC14402 mono-circuit for data conversion to an 
analog signal. The analog signal from the mono-circuit is 


routed through the MCI45429 Telset Audio Interface Cir- 
cuit. This IC enables the MPU to digitally control the analog 
signal level of the handset and speaker phone. 


The MC145428 Data Set Interface circuit adds the 
asychronous data port capability to the digital phone. This 
could be a standard RS-232 port with data select options for 
300 to 19.2 kbps for simultaneous voice and data transmis- 
sion or 300 to 56 kbps for data only transmission. 


The MC146805 microprocessor controls power down, dial- 
ing functions, ringing speaker enable and other functions 
which may be desired in the workstation. 


DIGITAL WORK STATION 


TELSET 
AUDIO 


INTERFACE 
EAR PIECE 


MONOCIRCUIT 


DATA OUT 
9600 BAUD 
DATA IN 


DATA SET 
INTERFACE 


SLAVE 
UOLT 


MASTER 


Ys" D. POTCORE DLT 


a 
: 
rs) 
= 


MC14418 





FIGURE 10 


3-35 








LIMITED DISTANCE MODEM APPLICATION 


The UDLT family is well suited for a variety of low cost 
point to point high speed Limited Distance Modem (LDM) 
applications. In Figure 11, the Master and Slave UDLT, 
along with minimal control logic, make up a synchronous 64 
kbps LDM. In this application, the 16 kbps channel is re- 
served for handshake and control lines. 
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An asynchronous LDM is achieved with the addition of. 


the MC145428 DSI ICs, as shown in Figure 12. In this ap- 
plication, an asynchronous data rate from 300 to 38.4 kbps 
can be achieved. 
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By grouping multiple DSIs together, a data multiplexer 
can be implemented, as shown in Figure 13. In this applica- 
tion, eight 9600 baud asychronous ports are being multi- 
plexed thru one set of UDLTs. 
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FIGURE 13 


SUMMARY 


Motorola’s present telecom IC family makes possible a 
cost effective approach in developing voice and data PBXs, 
and LDMs. These ICs are the first generation products for 
the evolving voice and data market. Many more ICs are 
being defined and developed for the emerging voice and data 


- products that will be needed for central office equipment and 


the ‘evolving ISDN (Integrated Service Digital Network) 
switches. 


LSI for 


Telecommunications 


a one-chip telephone 


W. DAVID PACE 
Motorola, Inc. 
Tempe, Arizona 


In recent years, a number of inte- 
grated circuits — such as DTMF 
dialers, speech networks, and tone 
ringers — have been developed for 
telephone applications. These prod- 
ucts have replaced electromagnetic 
elements of the telephone because of 
performance and cost improvements 
achievable with integrated systems. 
In addition, the use of integrated cir- 
cuits in telephones provides consid- 
erable freedom in the external de- 
sign of telephone sets from both the 
practical and aesthetic points of 
view. 

With these objectives in mind, a 
single-chip telephone circuit has 
been developed. The MC34010 Elec- 
tronic Telephone Circuit (ETC) pro- 
vides all the functions of a standard 
tone-dialing telephone. In addition, 
a microprocessor interface port fa- 
cilitates automatic dialing features. 
An important characteristic of the 
ETC is its ability to operate with in- 
stantaneous input voltages as low 
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as 1.4 V. Low-voltage operation is a 
key requirement in North American 
telephone networks, where parallel 
connections are common. 


FUNCTIONAL BLOCKS OF 
THE MC34010 ETC 


Figure 1 shows the elements of 
the ETC: 


e Line Voltage Regulator: pro- 
vides the dc termination of the sub- 
scriber loop and a bias voltage for 
the DTMF dialer and speech network. 
e DTMF Dialer: generates the ap- 
propriate dual-tone multi-frequency 
(DTMF) signals for dialing. 

e MPU Interface: allows the 
DTMF generator to be controlled by 
a separate microprocessor, which 
may be programmed to provide au- 
tomatic dialing features. 

e Speech Network: provides the 
two-wire to four-wire interface be- 
tween the telephone line and the 





Fig. 1 Major elements of the MC34010 ETC. 
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receiver and microphone of the 
handset. 

e Tone Ringer: converts the ac 
ringing signals from the exchange 
into a warbled tone emitted through 
a piezo sound element. 


Line Voltage Regulator 


The line voltage regulator pro- 
vides a regulated bias voltage at the 
VR terminal of 1.1 V to other sec- 
tions of the ETC. The low saturation 
voltage of an external PNP pass 
transistor allows the line input volt- 
age to fall within 300 mV of VR volt- 
age without clipping signals on the 
line. Thus, the DTMF and speech 
circuits maintain specified perfor- 
mance with instantaneous line volt- 
ages as low as 1.4 V. 

The circuit associated with the LR 
terminal determines the dc resis- 
tance of the telephone. At low line 
voltages (corresponding to opera- 
tion in parallel with nonelectronic 
telephones), the ETC draws only 5 
mA of bias current for the speech 
network and keypad interface cir- 
cuits. When the V+ terminal voltage 
exceeds 3 V, excess line current 
flows through an external resistor 
at terminal LR. The 3-kV level shift 
from V+ to LR prevents saturation 
of the de termination circuit with 
signals up to 2 V peak (+5 dBm) on 
the line. 

An internal constant current sink 
nominally equal to the bias current 
of the DTMF dialer also flows 
through the dc termination circuit. 
When the DTMF dialer is activated, 
this current sink is disabled to re- 
duce the line current transient and 
dialer clicks. 


DTMF Dialer 

Inexpensive telephone keypads: 
have switches of the single pole/ 
single throw (SPST) type that con- 
nect the row and column terminals 
corresponding to the selected digit. 
A keypad interface circuit within 
the ETC, consisting of input resis- 








tors, comparators, and decoding 
logic, activates the DTMF tone gen- 
erators whenever two keypad input 
terminals are connected. 

When the keypad interface acti- 
vates the DTMF generator, it also pro- 
duces a mute signal for the speech 
network. This mute signal disables 
the transmit amplifier and reduces 
the DTMF sidetone in the receiver. 
Muting the receiver also suppresses 
clicks associated with DTMF turn- 
on and turn-off transients. 

The row and column tone genera- 
tors include a programmable coun- 
ter, an encoder, and a digital-to- 
analog (D/A) converter. The output 
of the D/A converter is a stair-step 
approximation of a sine wave with 
16-step intervals per period. Fourier 
analysis of such a waveform reveals 
that the time intervals correspond- 
ing to the positive and negative 
peaks (first and ninth intervals) can 
be shortened or lengthened with lit- 
tle impact on distortion. By modify- 
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Fig. 3 The MPU interface circuit. 
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Fig. 2 The DTMF frequency synthesis technique. 





ing the division ratio of the pro- 
grammable counter during these 
peak intervals, output frequency er- 
rors are reduced. The periods of the 
DTMF tones are adjusted to the de- 
sired value within the resolution af- 
forded by the 500-kHz oscillator 
frequency. — 

Figure 2 depicts the implementa- 
tion of this error reduction tech- 
nique. The programmable counter 
divides the 500-kHz clock frequency 
by a number N that is loaded by the 
control logic at the beginning of 
each step. The output frequency of 
the programmable counter is fur- 
ther divided by the 4-bit interval 
counter. It is this counter which dis- 
tinguishes the 16 waveform inter- 
_ vals. The output of the 4-bit counter 
drives the D/A converter through 


an encoder (not shown in Figure 2 
for simplicity). . 

Consider, for example, the genera- 
tion of the 697-Hz Row 1 tone. For 14 
of the 16 waveform intervals the 
control logic loads the program- 
mable counter with a divisor of 45. 
For the first and the ninth intervals, 
however, feedback from the 4-bit in- 
terval counter causes the control 
logic to program the counter to di- 
vide by 44. This combination of div- 
isors reduces the 500-kHz clock fre- 
quency to 11.14 kHz at the output of 
the programmable counter. The in- 
terval counter divides this signal by 
16, producing a 696.4-Hz Row 1 tone. 
~The desired frequency of 697 Hz, 
therefore, is synthesized with an er- 
ror of only 0.09 percent. 

Other DTMF tones are generated 
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by loading the programmable count- 
ers with appropriate pairs of div- 
isors. The worst-case frequency-divi- 
sion error for the eight dialing tones 
is 0.16 percent. Reducing the divider 
errors permits an inexpensive 500- 
kHz ceramic resonator to be used for 
DTMF clock generation instead of a 
more precise quartz crystal. In addi- 
tion, the lower clock frequency al- 
lows the counter to be fabricated in a 
linear-compatible integrated imjec- 
tion logic (I?L) technology which 
enhances the performance of the 
analog sections of the ETC. 

The outputs.of the row and col- 
umn D/A converters are summed in 
the proper proportion (with a 2-dB 
twist) and amplified to drive the 
telephone line. The amplitude of the 
line’s signal is determined by an ex- 
ternal resistor. Feedback around the 
DTMF output amplifier reduces the 
dialing-mode output impedance to 2 
kQ to satisfy return-loss specifi- 
cations. 


MPU Interface 


The MPU interface permits com- 
munication between the telephone 
keypad, the DTMF dialer, and a mi- 
croprocessor. Through this port, 
telephone numbers may be stored in. 
the microprocessor and later re- 
trieved for automatic dialing. Fig- 
ure 3 shows the major blocks of the 
MPU interface section and the con- 
nections between the keypad, DTMF 


dialer, and microprocessor. 


Each button of a 12- or 16-number 
keypad is represented by a 4-bit 
code. This same code contrels the 
programmable counters to generate 
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Fig. 4 Speech network block diagram. 


the appropriate row and column 
tones. Binary words corresponding 
to keypad digits are transmitted 
serially to or from the microproces- 
sor via the 4-bit shift register. The 
direction of data flow is determined 
by the state of the DD terminal 
input. 

In the manual dialing mode, DD is 
a logic “‘0”; the 4-bit code from the 
keypad is fed to the DTMF genera- 
tor and also loaded into the shift reg- 
ister. The microprocessor-controlled 
clock shifts the data through the 
I/O terminal on negative clock 
transitions. The shift register load- 
enable circuit cycles the register be- 
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tween the load and shift modes such 
that multiple read cycles may be 
provided to the microprocessor for a 
single key closure. Six complete 
clock cycles will output a 4-bit word 
from the ETC and reload the shift 
register for a second look. 

In the automatic dialing mode, 
DD is a logic ‘‘1” and a 4-bit code is 
entered from the microprocessor 
into the ETC. The shift register load- 
enable circuit is disabled in this 
mode. Only four clock cycles are re- 
quired to transfer a digit to be dialed 
into the ETC. A logic “1” on the TO 
terminal disables the DTMF output 
until valid data from the micro- 
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Fig. 5 Tone ringer block diagram. 
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processor is in place. Subsequently, 
TO is switched to a logic “0” to gen- 
erate a DTMF tone pair on the line. 

An exclusive OR circuit in the 
keypad interface logic determines if 
more than one key is depressed. 
Single tones may be initiated by de- 
pressing two keysin thesamerow or 
column. The exclusive OR circuit 
also generates the DP and MLS out- 
put signals. DP indicates when one 
and only one key is depressed, there- 
by signaling the microprocessor that 
valid data are available. MS indi- 
cates when the DTMF generator is 
enabled and the speech network is 
muted. 


Speech Network 


The speech network illustrated in 
Figure 4 provides the two- to four- 
wire interface between the telephone 
line and the transmit and receive 
transducers. The key feature of this 
circuit is its ability to operate with 
instantaneous line voltages as low 
as 1.4 V. Satisfactory operation has 
been demonstrated in parallel with 
a carbon microphone telephone for 
loop resistances of up to 2200 Q. This 
corresponds to 27,000 ft of 26 AWG 
cable between the subscriber termi- 
nal and the local exchange. 

An electret microphone biased by 
the VRregulator drives the transmit 
amplifier. The microphone is muted 
internally by the dialer during 
DTMF signaling and may be muted 
by the control signal on the MM 
terminal. 

For very loud talkers, the peak lim- 
iter reduces the transmit amplifier 
input level to maintain low harmon- 
ic distortion. Transmit gain control 
is achieved by varying the satura- 
tion resistance of the transistor 
which drives the TXL terminal. This 
transistor operates as a variable re- 
sistance because its collector termi- 
nal is unbiased. The peak limiter 
circuit determines when the trans- 
mit amplifier output approaches the 
clipping level and drives the trans- 
istor at TXL to attenuate the ampli- 
fier input. The peak limiter typically 
provides 30-dB additional dynamic 
range with approximately 1 percent 
total distortion. 

As shown in Figure 4, the trans- 
mit amplifier output signal is in- 
verted at the STA terminal to pro- 
vide sidetone cancellation at the re- 
ceiver. The signals from the tele- 
phone line and the STA terminal are 
summed at the input at the receive 
amplifier. When transmitting, these 
signals are nominally 180° out of 
phase and the proper choice of ex- 
ternal components will nullify the 








transmitted signal in the receiver. In 
practice, phase shift from the trans- 
mit amplifier output-to the line due 
to reactive line impedances limits 
the degree of sidetone cancellation 
achieved. 
The receive amplifier output pro- 
duces a signal current in the receive 
transducer that also flows through 
the VR regulator to the telephone 


line. This ac current determines the . 


impedance of the telephone at the 
interface with the line. The input 
impedance is set by the proper 
choice of receive amplifier gain and 
receiver impedance. A 300-Q re- 
ceiver driven with a gain of one-half 
results in a 600-Q input impedance 
and satisfactory receive sensitivity. 


Tone Ringer 


The tone ringer responds to large 
signal ac input voltages with a 


warbled two-tone output signal which 
may drive a piezo transducer or 


speaker. This warbled tone is pro- 


duced by dividing the tone ringer os- 
cillator frequency alternately by 8 or 
10 as shown in Figure 5. The warble 
rate is the oscillator frequency di- 
vided by 640. In a typical applica- 
tion, an 8&kHz oscillator produces 
800-Hz and 1000-Hz tones warbling 
at 12.5 Hz. 

The tone ringer output is enabled 
by the threshold detector when a 
ringing signal greater than 35 Vrms 
is applied at tip and ring. The ring- 
ing signal level is measured by mon- 
itoring the voltage across the exter- 
nal resistor at the TRI terminal. 
When the average voltage across 
this resistor exceeds a threshold lev- 
el, the output buffer commences 
driving the piezo element at the 
TRO terminal. The’additional cur- 


rent drawn from the line to drive the 
piezo also flows through the exter- 
nal resistor at TRI. Therefore, the 
voltage across this resistor increases 
when the output is enabled. Increas- 
ing the voltage applied to the thresh- 
old’ detector creates hysteresis be- 
tween the turn-on and turn-off levels 
that ensures clean on/off transitions. 


DESCRIPTION 


The MC34010 ETC incorporates 
300 bipolar transistors and 520 I°L 
gates ona 125x 146 mil die. The chip 
is fabricated using a two-layer met- 
al, Linear/I*L process and_pack- 
aged in a 40-pin plastic package. 
Combining a dialer, speech network, 
and toné ringer on a single chip rep- 
resents a major step forward in the 
modernization and cost reduction of 
analog telephones. 0 


Reprinted from Telecommunications Magazine, April 1984, Volume 18, Number 4, with permission from the publisher, 
Horizon House-Microwave Inc., Dedham, Mass. 


3-40 


MOTOROLA 


AN-731 


Application Note 


LOW-SPEED MODEM FUNDAMENTALS | 


Prepared by: 


Garth Nash 


Computer Systems Engineering 


GENERAL 


The MC6860 low-speed Modem can be used in many 
different configurations. These include full duplex, half 
duplex, simplex, automatic answering, automatic dis- 
connect, originate only, answer only, answer/originate, 
and others. Figure | illustrates the basic modem configura- 
tion used to evaluate the MC6860. An originate only and 
an answer only modem design is used for evaluation, and 
each section of the interface circuitry is dealt with in 
this article. 


The originate modem transmits on the low-frequency 


channel (Mark 1270 Hz and Space 1070 Hz) and receives _ 


on the high-frequency channel (Mark 2225 Hz and Space 
2025 Hz). The answer modem transmits on the upper 
channel and receives on the lower. | 

A buffer and duplexer as shown in Figure 1 provide 
the modem interface to the transmission network while 
the bandpass filter allows only the desired receive signals 
to be seen by the limiter and demodulator. 


MODULATOR — BUFFER 


Mark/Space information that is presented to the Trans- 
mit Data input of the modem is converted to an FSK 
signal for transmission. The modulator output is an approx- 
imated sinewave derived from a digital-to-analog con- 
verter within the MC6860. There are eight amplitude levels 
per cycle. Each step has been optimized such that the 
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composite waveform has a maximum amount of signal 
energy at the fundamental. Figure 2 shows the 1270 Hz 
transmit carrier and Figure 3 gives its spectral distribution. 
A nominal signal has the second harmonic attenuated to 
-30 dB. 

The modulator output impedance is typically 2 k ohms. 
Loading this output with an impedance less than 100 k 
ohms can produce harmonic distortion. Therefore, a buffer 
amplifier is required to match impedances to the duplexer 
and the telephone line. This buffer amplifier may be de- 
signed to also provide filtering if additional clean-up of 
the transmitted signal is required. 

The modulation spectrum for 300 bits per second using 
an alternate Mark/Space data format is shown in Figure 4. 
The amount of modulation or sideband energy that falls 
in the adjacent channel is an item of concern in full duplex 
operation. Under this condition both channels are operating 
simultaneously and all the adjacent channel energy that is 
not balanced out in the duplexer feeds directly through 
the bandpass filter and to the limiter. Excessive phase 
jitter results if the received signal level is low enough to 
approach that of the interference level at the limiter input. 
For this reason, additional filtering of the modulator out- 
put may be required before it feeds to the duplexer on 
those modem designs desiring wide dynamic ranges of 
input signal levels. 


Receive 
Filter — 


Telephone 
Line 


FIGURE 1 — Low-Speed Modem and Interconnections 
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Interference by the second harmonic is of concern in 
the originate mode only. In this mode, the transmit signal 
is in the low band and its second harmonic falls in or 
near the passband of the return channel. In half duplex 
operation, the transmit carrier is held at a constant 
Mark (1270 Hz) while data is being received. The second 
harmonic (2540 Hz), which is typically -30 dB or more 
below the fundamental in amplitude, falls just outside the 
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passband of the receive filter and is further attenuated. 
In full duplex operation, the second harmonic and the 
modulation sidebands have about the same amount of 
energy. If this undesired energy must be reduced, the 
filter used to reduce the modulation sidebands will also 
reduce the second harmonic. Phase jitter and bias distortion 
inherent in the modulator is less than 3 ps. 
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FIGURE 2 — MOS Synthesized 1270-Hz Sine Wave 
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FIGURE 3 — Frequency Spectrum of MOS Sine Wave 
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FIGURE 8 — Answer Bandpass Filter Characteristics 
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FIGURE 4 — Modulation Spectrum for Alternate Mark/Space 


DUPLEXER 


The duplexer is used to interface the modem with the 
transmission media which is a telephone system in most 
cases, through a data coupler. Since signal flow is bi- 
directional on the telephone line, the duplexer must allow 
the received signal to pass on to the bandpass filters, 
properly couple the transmitted signal onto the line, mini- 
mize the local transmit level at the bandpass filter input, 
and properly terminate the transmission line. The diagram 
of Figure 5 shows the various components of the duplexer 
with Al, A2, and A3 being the gain expressions of 
importance. 
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FIGURE 5 — Duplexer 


The gain from the modulator output to the telephone 
line is 
_ R4 
Al=ReyR4 
where R4 is the line impedance and is considered to be 
nominally 600 ohms resistive. Since the line must be 
properly terminated, R3 must equal R4. Therefore: 
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R3 = R4 = 600 ohms 
and Al =0.5 


The gain from the buffer output to the bandpass 
filter input is — : 


_R2,f, , R2 
Rl Rl 


ees, 
R3+R4 


A2 +11 + 


It is desired that A2 = 0, thus reducing the intermodulation 
effects from the local modulator. With R3 = R4: 


_.. R2 R2)\ 1 
mo-0- Be (10E2)! 
R2_._ R2 
PRE RE 

2R2 =R1+R2 
R2=R] 


With R1 = R2, the common mode characteristic of the 
operational amplifier is used to balance out the local modu- 
lator at the bandpass filter input, i.e., A2 =0. 

Since all impedances except the line impedance can be 
accurately controlled, the degree of nulling A2 becomes a 
function of the line impedance. The duplexer gain, A2, is 
plotted versus line impedance variation from 200 ohms to 
1000 ohms in Figure 6. A well-defined notch exists when 
the line appears a purely resistive 600 ohms (the ideal 
case). In practice the line impedance can have reactive as 
well as resistive component variation, therefore the du- 
plexer should be considered as providing approximately 
-10 dB even though in many connections greater attenu- 


ation will be achieved. 

The gain from the telephone line to the bandpass filter 
input is given by 
. ae ee 


when R1 = R2. 
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FIGURE 6 — Common Mode Gain versus Line Impedance 


BANDPASS FILTER 


The purpose of the bandpass filter is to amplify the 
received signal from the remote modem while rejecting 
all other signals that may be present in the local modem or 
on the telephone line. Interference which must be filtered 
out has several possible sources. Each of these must be 
considered and dealt with individually. Noise which is 
coupled in through the transmission media is either im- 
pulsive or band limited (gaussian) white noise. Both of 
these must be analyzed:on a statistical basis. Discrete 
interfering signals may also be coupled in through the 
transmission media. However, the interfering signal of 
prime importance comes from the local modulator and 
will always exist in the half or full duplex modes. 

Since the transmission media is lossy, the local transmit 
carrier level will exceed the level of the received signal. For 
this reason, the bandpass filter must have enough selectivity 
to reject the local carrier to an acceptable level. Modems 
that are designed for a wide dynamic range of input signal 
levels (-15 dBm to -55 dBm) require better than 70 dB 
rejection of interfering signals. Most of this rejection must 
come from the selectivity in the bandpass filter. 

Reducing the effects of band limited white noise is 
accomplished by decreasing the bandwidth of the filter. 
Determining the minimum bandwidth comes by investi- 


gating the received signal characteristics. The transmitted 


data can be recovered from binary FSK by properly de- 
tecting the carrier and the first sidebands (first Bessel 
function)!. With a data rate of 300 bits per second and a 
data format of alternate Marks and Spaces, the first Bessel 
function occurs at +150 Hz from the carrier. All other 
data formats have sidebands within the +150 Hz limit. 
A minimum bandwidth of 300 Hz is then required in the 
bandpass filter. : 

The bandpass filter output is fed into an amplitude 
limiter, therefore the amount of passband ripple is not a 
critical parameter. An item of serious concern, however, 
is the phase linearity over the passband. All frequency com- 
ponents that pass through the filter must be equally delayed 
in time or jumbling and smearing of the data occurs. This 
is known as intersymbol or interbit interference. Perfor- 
mance of the communication system is degraded under 
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these conditions with bias distortion and excessive phase 
jitter at the demodulator output resulting. Intersymbol 
interference can be reduced by linearizing the phase. 
versus frequency transfer function. The slope of this trans- 
fer function is termed envelope delay and is determined by: 


fa a 
Af 360 deg/cycle 


where Ag = change of phase in degrees 
Af = change of frequency in Hz 


Tq 


Minimizing the distortion of the envelope delay curve 
then minimizes the intersymbol interference. This is 
relatively easy over the center 2/3 of the passband. How- 
ever, keeping constant delay near the band edges is quite 
difficult, if not impossible. For this reason, the optimum 
bandwidth is not determined according to the data rate 
but rather according to achievable linear phase charac- 
teristics. Bias distortion of one tenth of the bit period at 
300 bps typically requires a -3 dB bandwidth of 450 Hz 
to 500 Hz. 

Bandpass filters for evaluating the MC6860 were de- 
signed to have approximately a 450 Hz, -3 dB bandwidth 
with a Chebyschev response. The schematic for the answer 
filter is found in Figure 7 and is outlined for identification. 
The analytical response of this filter using standard valued 
components is tabulated in Table 1. The -3 dB bandwidth 
is calculated as 486 Hz and measured as 448 Hz. There is 
approximately 0.7 dB ripple over the center 300 Hz of 
the passband, with 0.4 ms envelope delay distortion, as 
shown in Figure 8. This filter attenuates the local transmit 
carrier of 2225 Hz by -35 dB relative to the passband gain. 

A similar schematic for the originate bandpass filter is 
given in Figure 9. Its response approximates that of the 
originate filter as seen in Table 2 and Figure 10. Attenu- 
ation of the 1270 Hz local transmit carrier is -43 dB 
relative to the passband gain. 

The envelope delay distortion for both of these filters 
can be reduced by widening the passband, thus flattening 
the envelope delay curve. 


LIMITER-THRESHOLD DETECTOR 


The demodulator in the MC6860 requires symmetrical 
limiting of the received signal in order to produce equal 
half-cycle periods. Each half-cycle period is measured in 
reference to an accurate time base to determine if the 
received frequency is a Mark or a Space. Non-symmetrical 
limiting produces errors in the demodulation process, thus 
degrading the system performance. Accurate limiting must 


‘be achievable over the expected input dynamic range. 


Such items as maximum input level and input offset 
voltage of the limiting device must be carefully considered. 

Figure 11 shows the schematic for the limiter. The 
effect of the input offset is reduced by placing equal 
terminating resistors on both the inverting and non- 
inverting outputs. An input coupling capacitor is used to 
block any dc bias coming from the output of the last 
amplifier of the bandpass filter. The desired ac signal is 
now properly centered about the input bias level of the 
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limiter and the maximum input dynamic range can now 
be achieved. A 40 dB dynamic range can be achieved with 
the limiter of Figure 11. Caution must be exercised in the 
amount of loading placed upon the bandpass filter output 
for distortion can result with. large signal levels. An 
isolation resistor placed in series with the limiter input 
decreases the loading on the bandpass filter. Under maxi- 
mum signal level conditions the limiter should be operating 
close to its upper input limit. 

The output of the limiter is fed into the demodulator. 


The threshold detector is used to determine if the input 
signal to the limiter is above the maximum detectable 
signal level of the modem. This is an amplitude measure- 
ment only, thus the period of the output is not critical. A 
comparator is used with one side biased to the peak 
amplitude of the desired minimum detectable signal level 
at the bandpass filter output. When the signal level exceeds 
the bias point, the comparator output goes low indicating 
an acceptable signal level. 


TABLE 1 — Answer Filter Tabulated Response 


Node dB Phase Envelope 
Frequency Voltage Voltage Shift Delay (ms) 


TABLE 2 — Originate Filter Tabulated Response 





0.3000E+03 | 0.202E-01 0.3000E+03 | 0.467E-03 | -66.607 
0.4000E+03 | 0.576E-01 0.4000E+03 | 0.116E-02 | -58.686 .03 
0.5000E+03 | 0.145E+00 0.5000E+03 | 0.242E-02 | -52.315 
0.6000E+03 | 0.354E+00 0.6000E+03 | 0.454E-02 | -46.867 
0.7000E+03 | 0.906E+00 0.7000E+03 | 0.794E-02 | -42.001 
0.8000E+03 | 0.267E+01 0.8000E+03 | 0.133E-01 } -37.505 
0.9000E+03 | 0.101E+02 0.9000E+03 | 0.218E-01 | -33.233 


'0.9250E+03 
0.9500E+03 


0.9750E+03 | 0.194E+02 0.1200E+04 | 0.923E-01 | -20.700 
0.1000E+04 | 0.196E+02 0.1300E+04 | 0.153&+00 | -16.298 
0.1025E&+04 | 0.194E+02 0.1400E+04 | 0.263E+00 |-11.595 
0.1050E+04 | 0.193E+02 0.1500E+04 | 0.477E+00] -6.425 


0.1075E+04 
0.1100E+04 
0.1125E+04 
0.1150E+04 
0.1175E+04 


0.141E+02 
0.176E+02 


0.195E+02 
0.198E+02 
0.201E+02 
0.203E+02 
0.204E+02 


























0.1000E+04 
0.1100E+04 


0.1600E+04 
0.1700E +04 
0.1800E+04 
0.1825E +04 
0.1850E+04 


0.352E-01 


 0.567E-01 


0.941E+00 
0.212E+01 
0.601E+01 
0.814E+01 
0.110E+02 


Node dB Phase Envelope 
Frequency Voltage Voltage Shift Delay (ms) 
















-24.925 











-.531 
6.534 
15.574 
18.210 
20.874 














0.1200E+04 | 0.204E+02 0.1875E+04 | 0.146E+02 | 23.268 
0.1225E+04 | 0.204E+02 0.1900E+04 | 0.176E+02 | 24.935 
0.1250E+04 | 0.205E+02 0.1925E+04 | 0.192E+02 | 25.654 
0.1275E+04 | 0.207E+02 0.1950E+04 | 0.194E+02 | 25.738 


0.1300E+04 
0.1325E+04 
0.1350E+04 
0.13 75E+04 
0.1400E+04 
0.1425E+04 
0.1450E+04 


0.209E+02 
0.209E+02 
0.203E+02 
0.187E+02 
0.163E+02 
0.134E+02 
0.108E+02 


1. 
1. 
1. 
1. 
1. 
1. 
1. 
1. 
1. 
1. 
1. 
1, 
Te 
2. 
1. 
1. 
1. 
1. 

















0.1975E+04 
0.2000E+04 
0.2025E+04 
0.2050E +04 
0.2075E+04 
0.2100E+04 
0.2125E +04 


0.191E+02 
0.189E+02 
0.189E +02 
0.191E+02 
0.193E +02 
0.195E+02 
0.196E+02 







25.618 
25.529 
25.532 
25.609 
25.713 
25.795 
25.824 






















0.1500E+04 | 0.707E+01 0.2150E+03 { 0.195E+02 | 25.798 
0.1600E+04 | 0.340E+01 0.2175E+04 | 0.194E+02 | 25.743 
0.1700E+04 | 0.193E+01 0.2200E+04 | 0.193E+02 | 25.696 
0.1800E+04 | 0.121E+01 0.2225E+04 | 0.193E+02 | 25.696 
0.1900E+04 | 0.829E+00 0.2250E+04 | 0.194E+02 | 25.756 
0.2000E+04 | 0.596E+00 0.2275E+04 | 0.196E+02 | 25.851 


0.2100E+04 
0.2200E+04 
0.2300E+04 
0.2400E+04 
0.2500E+04 
0.2600E+04 
0.2700E+04 
0.2800E+04 
0.2900E+04 
0.3000E+04 


0.446E+00 
0.345E+00 
0.273E+00 
0.221£&+00 
0.182E+00 
0.152E+00 
0.128E+00 
0.109E+00 


-0.947E-01 


0.824E-01 
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0.2300E+04 
0.2325E+04 
0.2350E+04 
0.2375E +04 
0.2400E +04 
0.2425£+04 
0.2450E+04 
0.2475E+04 
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0.2700E+04 
0.2800E +04 
0.2900E+04 
0.3000E +04 


0.2600E +04 . 


0.197E+02 
0.191E+02 
0.176E+02 
0.150E +02 
0.122E+02 
0.976E+01 
0.775E+01 
0.621E+01 


‘0.503E+01 


0.247E+01 
0.142E+01 
0.901E+00 
0.615E+00 
0.443E+00 









25.876 
25.634 
24.888 
23.549 
21.768 
19.786 
17.786 
15.858 
14.039 

7.860 

3.031 

-.904 
-4.218 
-7.079 
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FIGURE 10 — Originate Bandpass Filter Characteristics 
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FIGURE 11 — Limiter Schematic 
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DEMODULATOR 

The demodulator utilizes half-cycle detection for de- 
termining the presence of Mark or Space frequencies. 
Therefore, the Mark/Space information is quantized to 
half-cycle increments of the received carrier. Digitizing a 


linear signal produces a quantization error. This error 


appears in the form of phase jitter and bias distortion at 
the demodulator output of the MC6860. 

The phase jitter of the demodulator output is shown in 
Figure 12. The upper trace is the alternate Mark/Space 
transmit data into the originate modulator. The lower 
trace shows the recovered data out of the demodulator of 
the answer modem. The inherent phase jitter of the de- 
modulation process is approximated by 


Data Rate 


4 Space Frequency ae 


Zopj peak ~ 


The receive Space frequency for the answer modem is 
1070 Hz and the data rate is 300 bps, giving a peak phase 
jitter of 7%. This corresponds to 0.233 ms, as shown in 
Figure 12. The output Mark/Space transition will occur 
within 0.233 ms of the actual data transitions, neglecting 
bias distortion. 

The receive Space frequency for the originate modem is 
2025 Hz. The peak phase jitter is 3.7% (0.123 ms) at a 
data rate of 300 bps. 

Bias distortion inherent in the demodulation process 
can be found according to: 


ere | es ee 
% Bias Distortion ~ aT & ~ f) 100 
where T = Data bit period in seconds 
fs = Space frequency in Hz 

fm = Mark frequency in Hz 
Thus the originate modem has a bias distortion of 0.67% 
and the answer modem has 2.2%. This is a marking bias 
(period of a Mark greater than period of a Space) for 


both modems. 


_ Transmitted 
Data 


2 
a) 
~ 
> 
e 
Ww 


Received 
Data 
Bias 
Olt i colaareya 


Total distortion equals percent peak jitter plus percent 
bias distortion. 

Careful inspection of Figure 12 reveals less than 0.2 ms 
marking bias. This is the accumulative bias distortion from 


the modulator input through the system to the de- 


modulator output. The majority of this distortion results 
from the non-linear envelope delay through the bandpass 
filter in the answer modem. It is for this reason that 
special consideration must be given to delay distortion. 


DATA COUPLERS 


The two data couplers commonly used with low-speed 
modems are the CBS and CBT2. Each contains a data 
access arrangement (DAA) and the necessary telephone 
network control signaling functions. Figures 13 and 14 
show the block diagrams of the CBS and CBT data 
couplers respectively. The supervisory control signals from 
the CBS comply with the RS-232 interface specifications, 
whereas the CBT control signals are contact closures and 
relay drive currents. 

Table 3 identifies the various data coupler input/ 


' output signals. 


SYSTEM PERFORMANCE 

The MC6860 was evaluated in a typical system con- 
figuration. The tests utilized an originate only and an 
answer only design as outlined in Figure 15. The relative 
gains for both the answer and originate modems are. 
given. A 600-ohm termination was provided to simulate 


_the characteristic impedance of the transmission line, and 


to provide an input for the gaussian noise generator. 

The test equipment was connected according to Figure 
16. A word generator producing a 255-bit pseudo-random 
pattern at 300 bits per second was used as a transmit data 
input to the originate modem. The return channel was 
held at a constant Mark condition. The received data from 
the answer modem was compared for errors on a bit-by- 
bit basis with the transmitted data. 


Peak Phase 
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1.0 ms/Div 


Time 





FIGURE 12 — Bias Distortion and Phase Jitter at Demodulator Output 
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Transmit 
Data 


Receive 
Data 


TABLE 3 — Data Coupler Interface Signals 


Lead Designation 
Voltage | Contact 
(CBS) | (CBT) Function 
Both 600-ohm transmission leads for 
data signals 


| OH | Tocoupler | Control of OFF-HOOK relay 


DT OT 
DR DR 
To coupler } To request data transmission 
path cut through 
| RI | Rt __| To customer] Ringing signal present 
CccT CCT To customer] Coupler transmission path 
cut through 
To customer} Status of telephone set switch 
hook 
SH1 To customer| Return for SH lead in coupler 
(CBT) 

+V To coupler | Positive dc power to coupler 
(CBT) 

-V Return for dc power and 
common for all contact 
closures except the SH, 

SH1 pair in coupler (CBT) 
*Not used in this unit. 


600 Ohm 
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FIGURE 15 ie Modem Evaluation 
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FIGURE 16 — Modem Test Equipment Configuration 


Since the received data was delayed in time due to the 
time delay of the bandpass filter and the demodulator, 
the transmit data also had to be delayed an equal time 
before a meaningful bit-by-bit comparison could be made. 
This is accomplished by the 7 delay between the data 
generator and the comparator. Sampling by the comparator 
was done at the center of the data bit. The number of bits 
used to determine the probability of error (Pe) was 


Number of bits 2 = 

Pe 
A wideband gaussian noise generator was fed into a 
300 Hz to 3000 Hz bandpass filter simulating band- 
limited white noise over a telephone channel. The signal- 
to-noise ratio for determining the probability of error was 
measured at the output of the bandpass filter in the modem 
just prior to the limiter. This ratio is a function of the 
noise bandwidth, and for proper evaluation of the system 
the rectangular noise bandwidth of the bandpass filters 
must be used. (The rectangular bandwidth for a sixth or 
higher order filter is approximately equal to the -3 dB 

bandwidth). 


F, Lower Channel 


rs 


Fly Upper Channel 


3000 Hz 


300 
-— BW1 sy 


The signal and noise spectrum on the simulated trans- 
mission line is shown in Figure 17. Both the lower channel, 
Fy, and the upper channel, Fy, are present, along with 
the additive noise. When these signals are fed to the band- 
pass filter centered about FL, all signals outside the pass- 
band are attenuated as shown. 

The total amount of noise and Fy energy relative to 
the energy of Fy has now been reduced, thus improving 
the signal-to-noise ratio. The improvement of FL, to noise 
can be found according to the following formula: 





: BW1_ BWI 
A(S/N) = 20 log BW? - 10 log BW) 
where BW1 = bandwidth of input noise 
BW2 = filter bandwidth. 
For the system in Figure 17 
BW1 = (3000-300) Hz = 2700 Hz 
BW2 = 448 Hz 
A(S/N) = 10 log 720 = 7.8 4B 


448 


, Filter 
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FIGURE 17 — Signal-to-Noise Improvement 
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Thus a signal-to-noise ratio of 12 dB at the filter output 
corresponds to 4.2 dB at the filter input. 


(S/N)Bw2 = (S/N)Bw1 + A(S/N) 

The result of the performance tests is given in Figure 
18. The theoretical probability of error (Pe)! curve for 
non-coherent FSK is determined according to: 

| 2 


(v3) (aug) 
=e \Vn/ \BWs 


where Vs = signal level 
Vn = noise level (true rms). 
BWn = rectangular noise bandwidth 
BWs = signal bandwidth = 1/bit time = 1/T 


The dashed curve in Figure 18 is based on the signal 
bandwidth and rectangular noise bandwidth being equal. 
Since the signal bandwidth is 300 Hz (300 bits per second) 
and the bandpass filter of the test circuit has a measured 
bandwidth of 448 Hz, the theoretical Pe curve now shifts 
to the left by the amount of 

448 
A(S/N) = = 10 log —~ 300 = 1.74 dB 
The measured Pe curve deviates from the theoretical by 
approximately 0.5 dB. In order to maintain a Pe < 
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1x 107>,a signal-to-noise ratio at the limiter input must 
be greater than 12.2 dB. This corresponds to a signal-to- 
noise ratio on the telephone line of 4.4 dB in a 2700 Hz 
bandwidth or a signal-to-noise ratio of 3.94 dB in a 
4000 Hz bandwidth. 


SUMMARY 


This application note describes the basic functions of a 
low speed FSK modem using the MC6860. The criteria 
for design of each function are presented. A typical test 
configuration is illustrated and the results are documented. 
The interface to standard data couplers is also included. 
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FIGURE 18 — System Performance with Gaussian Noise 
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LOW-SPEED MODEM SYSTEM DESIGN 
USING THE MC6860 
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Computer Applications 


GENERAL 


Low-speed modem designers will find that the MC6860 
MOS LSI Modem with its built-in modulator, demodulator, 
and supervisory control will allow the design of a high 
performance, low cost 100 Series type modem. The 
designer, by selecting from different filter configurations 
and some surrounding support circuitry, may design either 
an originate only, answer only, or automatic answer/origi- 
nate modem system. 

It is the purpose of this note to cover in some detail 
these surrounding building blocks that comprise the total 
system. To familiarize the reader with the MC6860 chip 
Operation, a general overview will be included with a more 
detailed description to be obtained from the MC6860 
data sheet. 
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BASIC MC6860 CIRCUIT OPERATION 


As illustrated in Figure 1, the MC6860 Modem contains 
a digital modulator, demodulator, and a supervisory control 
section to handle line disciplines for full duplex originate, 
auto-answer, and auto-disconnect operations. 


Modulator 


The modulator section converts serial digital data into 
analog frequencies for output to the telephone network. 
The analog output from the modem is a digital synthesized 
sinewave having one of four possible frequencies as listed 
in Figure 2. The modulation scheme used is frequency 
shift keying (FSK), where a logic ‘‘O0” (space) is the lower 
frequency and a logic “1” (mark) is the upper or higher 
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FIGURE 1 — MC6860 Modem 
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FIGURE 2 — Output Frequency Shift Keying Pairs 


frequency of either the originate or answer frequency pairs. 
The analog signal output level from the modulator is 


typically 350 millivolts (rms) into a load of 100 k ohms; 


therefore, for the MC6860 to interface into a 600 ohm 
line system such as the telephone network with the 


necessary signal magnitude, an external transmit buffer 


will be required. 


Demodulator 


The demodulator section receives either the lower or 
upper (answer or originate modem) frequency tone pairs, 
and by a technique of digital half-cycle detection deter- 
mines the presence of a mark or a space frequency and 
will output at the Receive Data pin either a digital logic 
“1” or “O” to the terminal or computer equipment. The 
incoming analog signal from the line should be bandlimited 
(filtered) and limited (amplified/clipped) prior to the 
demodulator carrier input to remove interfering signals 
and system noise. The limited input signal presented to 
the demodulator input should be at 50% duty cycle (£4%) 
over the full input signal dynamic range and be at a TTL 
compatible input level in order to maintain low bit-error- 
rate performance. 7 
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Supervisory Control 


The supervisory control section of the MC6860 contains 
the necessary logic to provide initial inter-modem hand- 
shaking as well as operational protocol, such as automatic 
answer, originate only, initiate disconnect, and automatic | 
disconnect. A graphical illustration of these control oper- 
ations provided by the MC6860 is shown in Figures 3, 4, 
5, and 6. Signals provided by the MC6860 for interfacing 
between a data terminal and either a CBS or a CBT 
telephone network data coupler are shown at the top 
right of Figure 1. Switch Hook (SH), Ring Indicator (RI), 
and Answer Phone (An Ph) signals will interface directly 
with a CBT data coupler, or with a CBS data coupler when 
RS-232 interface circuits are used. Both of these data 
coupler interface methods will be illustrated in later 
system implementation examples. 

Additional control signals that are provided for data 
terminal control are: Data Terminal Ready (DTR), Clear- 
to-Send (CTS), Receive Break (Rx Brk), Transmit Break 
(Tx Brk), and Break Release (Brk R). The Mode output is 
a control function that is system oriented for the sur- 
rounding filter block. This output can be used to control 
switchable filters to provide a full automatic answer/ 
originate modem system. A logic low level at the Mode 
output pin indicates the demodulator is in the answer 
mode of operation and will demodulate 1070 Hz and 
1270 Hz incoming signals. When the Mode output is in a 
high state, the frequencies demodulated will be 2025 Hz 
and 2225 Hz. A design example using switchable filters 
will be illustrated in a later section. 
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FIGURE 4 — Automatic Disconnect — Long or Short Space 
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FIGURE 5 — Originate Only 
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FIGURE 6 — 


A self test feature is included in the MC6860 for testing 
the modulator/demodulator sections. When a low logic 
level is applied to the Self Test (ST) input pin, the demodu- 
lator is switched to detect the modulator transmitted 
frequency pair. Channel establishment obtained during 
initial handshaking is not lost, with only the Mode output 
changing state during initiation of self test as shown in 
Figure 7. This test feature allows the modulator, demodu- 
lator, and interval timer circuitry to be checked for proper 
operation during diagnostic system test. 





FIGURE 7 — Mode Control Truth Table 


MODEM FILTER DESIGN 


Filter networks are among the most important surround- 
ing element blocks in a modem system. As shown in Fig- 
ure 8, a filter block is used in the receive carrier signal 
path and another filter block is used in the transmit 
carrier signal path. The transmit carrier filter may not be 
required in answer only modem designs but is required 
for originate mode operation. 


Clamped at Space 


‘shtlied 


Off (High) 


Clamped at Mark 





= ensate Disconnect 
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The receive filter must provide sufficient adjacent 
channel rejection to provide good bit-error performance. 
During answer only operation, the filter must pass the 
receive frequencies of 1070 and 1270 Hz, but reject the 
adjacent channel local transmit frequencies of 2025 and 
2220-012: 

Typically, the receive carrier bandpass filter should 
provide greater than 35 dB attenuation to the adjacent 
channel. During full duplex originate operation, the local 
transmit signal produces second harmonic energy within 
the receive filter bandpass (2 x 1070 Hz = 2140 Hz). To 
reduce this frequency component in the receive filter 
passband, a transmit carrier. filter must be included. This 
transmit filter may be either a low pass, a high pass, ora 
bandpass filter dependent upon the designed mode of 
operation of the modem: originate only, answer only, or 
auto answer/originate. 

The filter design example presented is a bandpass con- 
figuration which could be used in either the transmit or 
receive signal paths with only component value changes. 
The transmit filter must have a pass frequency of 2025- 
2225 Hz when the modem is used as an answer only 
modem (receiving frequencies of 1070-1270 Hz). The 
opposite configuration is true when the modem is in the 
originate only mode of operation (transmit frequencies 
of 1070-1270 Hz and receive frequencies of 2025-2225 Hz). 

A design example is presented, with design tables and 
equations to solve for the modem system bandpass filter 
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FIGURE 8 — Typical MC6860 Modem System 


component values. A 6-pole answer filter is developed in 
detail in this application note, whereas a 6-pole originate 
filter has values tabulated only. Also tabulated are com- 
ponent values for 8-pole, 50-dB receive filters and 4-pole, 
25-dB transmit filters. 

A filter design may take one of many forms. The in- 
cluded design examples use a 0.5 dB ripple Chebyshev 
approximation. The filter element configuration used is a 
multiple feedback bandpass as shown in Figure 9. As indi- 
cated in Figure 10, the Chebyshev filter will provide a high 
degree of attenuation in the stop band, but with less 
phase linearity than a Butterworth or Bessel filter. Linear 
phase or group delay in the passband is an important design 
consideration for modem filter design. Error performance 
and demodulator phase/bias distortion of the modem 
system is affected by unequal delay of data frequencies 
within the filter passband. Therefore, it is important to 
provide filters that not only provide sharp stopband atten- 
uation, but also provide some degree of phase linearity in 





FIGURE 9 — Multiple Feedback Bandpass Filter Element 
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FIGURE 10 — Filter Approximation Characteristics 


the passband. By designing the Chebyshev filter to have a 
wider bandwidth than required for FSK (frequency shift 
keyed) data recovery, the designer can maximize phase 
linearity within the required passband. 
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Determining the minimum filter bandwidth comes by 


investigating the received signal characteristics. Data com- . 


munication theory states that data transmitted by FSK 
can be recovered by detecting the data carrier and the 
first sidebands. At a data rate of 300 bits per second and 
a data format of alternate mark and space, the first side- 
bands occur +150 Hz from the carrier which is located 
halfway between the mark and space frequencies. There- 
fore, the minimum bandwidth for the receive bandpass 
filter is 300 Hz. Typically, frequencies within this 300 Hz 
bandwidth should undergo no greater than 0.8 millisecond 
change in group delay. Group delay is defined by: 


t 49 1 
d "AF 360°/cycle 
where Ag = change in phase in degrees 
AF = change in frequency in Hz 


To maintain less than 0.8 millisecond group delay at a 

data rate of 300 bits per second requires an overall filter 

bandpass of 400 Hz. This results in the low frequency 
_ pair (answer) filter passband being between 970 Hz and 
1370 Hz (6-pole, 0.5 dB ripple Chebyshev). | 


Filter Design Steps . 


The modem bandpass filter examples will be designed 


using the following procedural steps: 


(1) Determine the required prototype low pass filter 
shape factor from the passband width and stop- 
band attenuation. _ 

(2) Enter Table 1 with the shape factor, passband 


TABLE 1 — Complexity Nomograph for Chebyshev Filters (Zverev) 
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ripple (Amax), and stopband attenuation (Amin), 
to determine the order of the prototype lowpass 
filter. 

From Table 2, determine the location of the pro- 
totype low pass filter poles opposite the deter- 
mined filter order. 

From the low pass filter poles, determine their 
natural frequency (w) and damping factor (&). 
Transform the low pass filter section parameters 
to cascaded second order bandpass filter design 
section Q and center frequency values. 

Determine the active element operational ampli- 
fier gain by solving for center frequency loss and 
system filter passband gain (Ayo). 

Use each section Q, frequency, and gain to solve 
for the bandpass filter passive component values. 


(3) 


(4) 
(5) 


(6) 


(7) 


Step (1) — Filter Shape Factor 

Figure 11 shows a design example for a typical 6-pole 
answer modem receive filter design. From this data, it is 
possible to calculate the filter shape factor (Qs) for the 
prototype filter. 


F4—F3 _ 2225-115 

Os FF, 1370—970 (1) 
2110 _ 

0,= ZO = 5.28 


TABLE 2 — Pole Locations and Quadratic Factors © 
(s2 + 4s + ag) for Chebyshev 0.5 dB Ripple Filter 


0.5 dB Ripple 


| -0.71281 + j 1.00404 | 1.51620 | 1.42562 


~0.31323 + j 1.02193 | 1.14245 | 0.62646 
-0.62646 


~0.17535 + j 1.01625 
-0.42334 + j 0.42095 


-0.11196 + j 1.01156 
-0.29312 + j 0.62518 
-0.36232 

-0.07765 + j 1.00846 
-0.21214 + j 0.73824 
-0.28979 + j 0.27022 


__ | -0.08700 + j 1.00641 
| -0.15972 + j 0.80708 
-0.23080 + j 0.44789 
~0.25617 » 
| -0.04362 + j 1.00500 
-0.12422 + j 0.85200 
~0.18591 + j 0.56929 
-0.21929 + j 0.19991 


~0.03445 + j 1.00400 
-0.09920 + j 0.88291 
~0.15199 + j 0.65532 
-0.18644 + j 0.34869 
~0.19841 


~0.02790 + j 1.00327 
-0.08097 + j 0.90507 
~0.12611 + j 0.71826 
~0.15891 + j 0.46115 
-0.17615 + j 0.15890 


0.35071 
0.84668 
0.22393 
0.58625 


1.06352 
0.35641 


1.03578 
0.47677 


1.02302 
0.59001 
0.15700 
1.01611 
0.67688 
0.25388 


0.15530 
0.42429 
0.57959 
0.11401 
0.31944 
0.46160 


0.08724 
0.24844 
0.37182 
0.43859 


1.01193 
0.74133 
0.35865 
0.08805 


1.00921 
0.78936 
0.45254 
0.15634 


0.06891 
0.19841 
0.30397 
0.37288 


1.00734 
0.82570 
0.53181 
0.23791 
0.05628 


0.05580 
0.16193 
0.25222 
0.31781 
0.35230 
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Step (4) — Lowpass Prototype Filter Natural Fre- 
quencies and Damping Factors 7 
Using the following relationships, solve for the natural — 
frequencies (w) and damping factors (&): 


+j 1.02193 





= 
115 970 1370 2225 -0.62646 -0.31323 
Frequency (Hz) . Se w4S4 
FIGURE 11 — Answer Filter Design Goals Po e < -| 1.02193 
where : wy2=(1 02193)2 + (-0.31323)2 (2) 
F, = lower passband frequency in Hz . wy = 1.069 
F> = upper passband frequency in Hz also, «1 £) = 0.31323 —— (3) 
F3 = lower stopband frequency in Hz _ 0.31323 
F4 = upper stopband frequency in Hz ; 1” “T.069 
£1 =0.293 
NOTE: Ww) 2 = (0)2 4 (-0.62646)2 
Fy; and F2 are ripple bandwidth frequencies, w2 =0.62646 


i.e., gain down 0.5 dB. 
also, w2 &£2= 0.62646 








=] 
Steps (2) and (3) — Filter Order and Pole Location 52 
The second step of the filter design process was to deter- Step (5) — Filter Section Q and Center Frequency 
mine the complexity of the filter. To determine this com- The complex conjugate pole of the low pass prototype 
plexity, the following information is required: is transformed into a pair of complex conjugate bandpass 
1. The passband ripple, Amax. poles, whereas the real pole of the low pass prototype is 
2. The minimum stopband attenuation, Amin. transformed into a complex conjugate pair of bandpass 
3. The ratio of the ripple bandwidth and the first fre- poles. 
quency of minimum attenuation, shape factor Qg.. ee 
, 1 
With Amax = 0.5 dB, Amin = -35 dB, and Qs = 5.28 ve Ph x 
enter the nomograph in Table 1 to determine the filter 
complexity or order. P4 
The nomograph is used by locating the passband ripple —> 
Amax and the minimum stopband attenuation Amin and 
drawing a line from Amax through Amin to the left-hand X Py pP1,&X 
side of the graph. From this point, a horizontal line is oA x 
drawn to an intersection of the vertical line value of Qs. eons paneanee 
The minimum complexity or order, n, will be the n curve | 
that passes through or above this intersection. In our ex- The bandpass filter will take on a form of three 2-pole 
ample, the order n equals 3. This implies that the low pass bandpass filter sections in cascade. When bandpass sections 
prototype filter will have 3 poles and, consequently, the are cascaded, each section center frequency and Q must be 
final bandpass filter will have 3 pole-pairs. determined from the low pass damping factors (£) and 
Table 2 gives the pole locations and quadratic factors natural frequencies (w). 
for a third order 0.5 dB passband ripple Chebyshev low Given: 
pass filter. 7 w) = 1.069, £1 = 0.293 
The values obtained from Table 2 are: F} =970Hz, Fo =1370Hz 
c ae Then: 
ae + ad Roca poujMeale Dele Fo =<VF]F2= 1152.78 Hz (geometric center) (4) 
ag = 1.14245 Characteristic of non s term Qo = Fo, 1152.78 Hz (Filter Q) (5) 
a] = 0.62646 Characteristic of s term F2—-F] 400 
where the s_ term equation =(s2+ajs+ ag) Qo = 2.8819 
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~ Section Q: | 
Qi= | ae (6) 


- 5 | i 31/2 
cal +2]+ ($2) + j +2 -4( zie)" +2 
(ao Qo j Qo 
| 2 
) (2 WI ) 
Qo 
~ Yielding: 
Q) = 9.345 
Section 2 is a reflected image about Fo of section 1 for 
a 3 section cascaded filter (odd order). Recall that a third 
order low pass when transformed to a bandpass results in 
two pairs of complex poles (sections 1 and 2) from the 


low pass complex pole and one pair of complex poles 
(section 3) from the low pass real pole. 


Q) = Q9 = 9.345 
For section 3: 
el - 24882 _ 
Q3 = Rey “Osi 4.596 (7) 
Center Frequencies: 
F, = MFo | (8) 
where: | : 
4 o F121. 01 (E1191) : 
M =2——+ + Att ~| 9 
Qo Qo ” 
Mes (0. 293) (1.069) (9.345) 
2.882 
0.293) (1.069) os) oy 
2.882 
M = 1.1932 


Fi = (1.1932) (1152.78) = 1375.52 Hz 


BUFFER 
200 k 


Modulator 
, ec 


| 
| 
| 
| 
| MC6860 
| 
| 
| 


. LIMITER 


Rx 
_ Demodulator Car 


' ~10 dB 


+17 dB @ 1070 Hz 
1270 Hz 


<——_— 
-18 dB @ 2225 Hz 


The image - becomes: 


1152.78 
F2= 9 Fo = 11933 = 966.1 Hz (10) 





For section 3 the center frequency is: 


F3=Fo=1152.78Hz (11) 


Step (6) — Center Frequency Loss and Filter Passband 

Gain _ 

The gain produced by the active elements in the band- 
pass filter should overcome loss due to the stagger tuned 
filter sections. Each section of a cascade bandpass filter, 
except the section centered about wo, has a loss as repre- 
sented by Equation 12. The overall filter center angular 
frequency wo (Equation 13), section Q, and section center 
angular frequency wp (Equation 14) are required to deter- 
mine each section’s center frequency loss. Once the indi- 
vidual losses are determined, they are summed to arrive 
at the total cascaded filter loss AVO (jwo). 

This value is used in determining filter section gain such 
that the designed bandpass filter meets design gain goals. 
The receive filter block must amplify the minimum input 
line signal to a minimum required limiter input signal. 


Wn wd 
: | Qn 
AVO, (jw) dB loss = 20 log ; 50 
| (on? = 292) ?+ (op ) 
Nn: 
(12) 
wo =27/7F)F2 | (13) 
Wn = 27 Fn (14) 


The following will illustrate the use of Equation 12 to 
solve for the center frequency loss of the modem answer 
filter example. 


DUPLEXER 


VRx t= -12 dBm to -48 dBm 


ie. Vitx | = -12 dBm @ 2225 Hz 


600 


LINE 


~~ Vay p = 6 dBm to 42 dBm 


Vtx D = -16 dBm 


Note: 0 dBm = 0.775 Vrms 


Vax F = -25dBMmin @ 1070 -1270 Hz 
(Minimum Limiter Input) 





FIGURE 12 — System Level Constraints 
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Section 1 


wo = 2m V(970) (1370) = 7.2431 x 103 rad/s (15) 
wo} = 2 (1375.52) = 8.6426 x 103 rad/s (16) 
Q) =9.345 


IAVO1 G0) | gp joss = 20 log 


IAVO1 G0) | aB joss = 20 log (0.2886) 
IAVO1 G0) | aB Joss = -1 0-794 dB 


Section 2 


wo = 7.243 x 103 rad/s 
w = 21(966.1) = 6.07 x 103 rad/s 
Q2 = 9.345 


|AVO2 Gwo) | ap loss = 29 log (0.2886) 
[AVO2 G0) | dB loss = 710-794 dB 


Section 3 


wo = 7.243 x 103 rad/s 

w3 = 7.243 x 103 rad/s 

Q3 = 4.596 

|AVO3 G0) | gp toss = 20 og (1) 

IAVO3 G0) | ap loss = 9 dB, due to wn = wo 


The total filter center frequency loss is equal to the 
sum of all sectional losses. 


|JAVO G0) | dB loss = (-10.79 dB) + 
(-10.79 dB)+(0dB) —«*(18) 


(8.6426 x 103) (7.243 x 10) 


9.345 


a a 
J (8.642 x 103) 2 -(7.243 x 103) i (6-942 x 103) (7.243 x 103) 2 


9.345 


Figure 12 illustrates the design goals that are used to 
determine the receive filter passband gain for the answer 
only modem system. The answer filter provides 35 dB of 
attenuation to 2225 Hz relative to the filter passband. 
This results in -34 dBm of unwanted signal level being 
present at the limiter input. To maintain a probability of 
error (Pe) < 1 x 1075. a signal-to-noise ratio at the limiter 
input must be greater than +12.12 dB. The theoretical 
probability of error (Pe) curve for non-coherent FSK is 


(4)? (ie) 


Pe=1/2e | 2 (19) 


determined by: 


where V,_ = signal level 
Vn = noise level 
BW, = noise bandwidth (400 Hz) 
BWg = signal bandwidth (300 Hz) 


In calculating the voltage gain required by the receive 
uctive filter block, the following constraints should be 
considered: 


(a) The signal to noise performance required by the 
modem system. 

(b) The receive limiter minimum input level while 
providing less than +4% deviation from a 50% 
output duty cycle. 

(c) The worst case receive input line levels. 


1/2 MC 1458 
1676.9 


All capacitors are in uF. 





FIGURE 13a — Answer Filter Component Values 
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(d) At the maximum input -line levels, the designed 
filter gain should not saturate any active stage of 
the filter. 

+20 
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O een 
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f, Frequency (Hz) 


FIGURE 13b — Answer Filter Gain and Group Delay 


The use of the MLM311 as a receive signal limiter 
provides 40 dB of signal gain while maintaining a limited 
Output level having less than +2% deviation from a 50% 
duty cycle with a -25 dBm applied input level (VRx F). 

The telephone line receive level for the answer only 
example ranges between -12 dBm and -48.dBm. An active 
duplexer provides 6 dB of signal gain to these line levels 
resulting in filter input levels (VRx Dp) between -6 dBm 
and -42 dBm. a 

From the above information, the active filter must 
provide the following passband gain. 


AVO = IVRx pmin| - IVRx Fmax| (20) 


AVO = 42 dB -25 dB = 17 dB passband gain 


The amount of operational amplifier gain used in the 
filter design is based on both the passband gain require- 
ments and the filter center frequency loss. 


AVOtotal = |AVO (passband)| + 
|Avo (center frequency loss)| (21) 


AvOtotal = 17 dB + 21.58 dB = +38.58 dB 
This requires that each of the three filter sections pro- 
vide a gain of: 


_ +38.58 dB 


Avo = 3 


= +12.86 dB or 4.41 volts/volt. (22) 


Step (7) — Filter Component Values 

Now that each section gain, center frequency, and 
design Q is known, the actual filter component values can 
be calculated (reference Figure 9). 


4/4, Group Delay (ms) 
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Section 1: 


F, = 1375.52 Hz 

Ww] = 8.6426 x 103 rad/s 
Q1=9.345 

AVO! =441 (gain of section) 


C3 =Cq4 =0.01 uF (using equal value capacitors) 
_ 2Q1 _ 2 (9.35) 


Rs (uncorrected) 





= 216.4k2 (23) 
Rs _ 216.4k 
R = ~ 1) 
] (uncorrected) ZAVoO|  2(441) 
= 24.5kQ (24) 
R1R5 
R ted) = —_, > _- 
2 (uncorrected) 40)2R)-Rs 


_ (24.5 k) (216.4 k) 
4(9.35)2(24.5 k) -216.4k 


= 634.9 (25) 

These three resistor values, if used to initially imple- 
ment the first bandpass section, would not produce exact 
design goals. Filter response will shift due to non-ideal 
operational amplifier parameters such as dc gain (AVOL), 
gain bandwidth product (GBW), and input impedance (zjn). 

To offset any shift in filter response, new values for 
selection Q, gain and frequency should be calculated taking 
into account the operational amplifier parameters. These 
corrected values will be used to obtain new values for 
Rs, Ry, and RQ, resulting in a filter response very near 
design goals. 

Corrected values for wy, Qn, and Avo, are calculated 
using the following MC1458 operational amplifier param- 
eters. 


AVOL = 1 x 105 volts/volt 
GBW =1 x 106 Hz, 6.283 x 106 rad/s 
= 1x 106 ohms 





Zin 
WC, = a (26) 
a (caw 
WC, = 8.755 x 103 rad/s, 1393.4 Hz 
Q) 
= : . 2} 
lg igs oy en 
AVOL \Zin ) GBW 
Plugging in values we obtain: 
Qc; sae ae 
I y-9,f 201 +(B5) _e1 
AVOL \Zin / GBW 
AVOC, = 4.43 
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Using these corrected values of section center frequency, 
Q, and section gain, solve for the corrected values of 
Rj, R2, and Rs: 








_ 22) 
RS = Gey C (29) 
2 (9.27) 
PRS? a SN ee : 
> @msx1ejdxiesy) 
Rs 
R = 30 
|" ZAVOC oo 
_ 2117x109 _ 
R1R5 
2" 4Qc; 2R1 - Rs 
i's (2.389 x 104) (2.117 x 105) 
2° 49.27) 2 (2.389 x 104) -2.117 x 105 
R2 = 632.22 
Section 2: 
F = 966.1 Hz 
w2 =6.07 x 103 rad/s 
Q2 = 9.345 
AVO2 = 4.43 


C3=C4=1x10-8F 


Solving as in Section 1 using Equations 23 through 31, 
we obtain: 


WC? = 6.1255 x 103 rad/s, 974.9 Hz 
Qc2 =9.30 . 
AVOC2 = 4.43 

Rs = 303.75 kQ 

Ry = 34.28 kQ 

R2 = 900.5 2 


Section 3: 

F3 = 1152.73 Hz 
w3 = 7.243 x 103 rad/s 
Q3 = 4.596 
AVO3 = 4.41 
C3=C4g=1x108F 

Solving as in section 1 and 2, we obtain: 
wC3 = 7.281 x 103 rad/s, 1158.87 Hz 
Qc3 = 4.58 


AVOC3 = 4.41 
Rs = 125.72 kQ 


Ry = 14.24kQ 
R2 = 1676.92 


The complete answer filter is shown in Figure 13a with 
the filter response and envelope delay curves shown in 
Figure 13b. If the filter is not optimum after construction, 
it may be fine tuned by the following method. 


In tuning filters, one of the most useful parameters is 
the sensitivity of the filter to element variations. Sensitivity 
is defined as a measure of the dependence of a network 
upon the change of some parameter of the network. The 
sensitivities of importance to the multiple-feedback band- 
pass filter must relate Rj, R2, and Rs to their effect upon 
wo and Q. These sensitivities are: 


WO 


Rs = -1/2 (ratio, no units) (32) 
Ry” Kage RaRsCse >) 
Ry” KopERGRSCe i 
ie oes a 
a es rae - 
S.. =+1/2 (37) 


In practice, Ry > R2 such that 
Q er, 


Rj 
Q 
Sr 


These sensitivities imply that to change section Q, R2 
should be adjusted. If R2 were increased, for example 
20%, section Q will decrease 10%. Notice that the sensi- 
tivity of Q to changes in R2 and Rs¢ is equal and opposite 
in magnitude. This implies that if Ra and Rs5 are changed 
by the same percentage, but in opposite directions, section 
Q will not change. Also, as R5 is adjusted, it changes the 
section center frequency by a ratio of -1/2. 


Filter Tuning Procedure 
Section Center Frequency: 
(a) Increase/decrease R5 for a corresponding de- 
crease/increase in section center frequency wo. 


(b) Increase/decrease R2 by the same percentage of 
increase/decrease applied to R5 in step (a) to 
maintain constant sectionQ. 

Section Q: 

(a) Increase/decrease R2 for a corresponding de- 


crease/increase in section Q. 


ORIGINATE FILTER DESIGN 
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Basically, the originate receiving filter design procedures 
are identical to the answer filter example. The one major 
difference is that the filter center frequency is shifted 
to accept 2025 — 2225 Hz signals. One might also note 
that the second harmonics of the local transmit signals in 
the originate mode (1070 — 1270 Hz) fall within and just 
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outside of the passband for the originate receive filter. For 
this reason, the originate only modem designer may want 
to provide a transmit bandpass filter to suppress harmonics 
produced by the local transmit carrier (see Figure 15). 

The three section design parameters and component 
values for the 6-pole originate receive filter are: 
Section 1: 


F) = 2425.81 Hz 


Q) = 16.56 

AVO1= 4.48 

C3 =Cq4=1x 10-8F 

Ry = 24.26 kQ 

R2 = 199.76 Q 

R5 = 217.258 kQ 

Section2: 

F2 = 1985.62 Hz 

Q? = 16.67 

AVO2= 4.48 

C3 =C4=1x10-8F 
= 29.85 k 

R2 = 242.36 Q 

R5 = 267.23 kQ 

Section 3: 

F3 = 2154.01 Hz 

Q3 = 8.32 

AVO3= 4.43 

C3 =C4=1x 10-8F 

Ry = 13.88 kQ 

R2 = 458.85 Q 


Rs = 122.913 kQ 


The complete 6-pole receive originate filter is shown 
inFigure 14a, with the response and envelope delay curves 
shown in Figure 14b. 


SPOLE, -50 dB RECEIVE AND 4-POLE, -25 dB 
TRANSMIT FILTER DESIGN 


A complete full duplex modem system will most likely 
require Operation with input signals down to -50 dBm at 
the line input. This requires a receive filter network having 
at least 8 poles to provide the necessary attenuation to 
adjacent duplex channel interference and a local transmit 
filter having 4 poles to provide 25 dB local transmit signal 
harmonic rejection. The construction of an 8-pole or 4-pole 
filter takes on the same cascaded form as the illustrated 


Avo, Gain (dB) 


6-pole design example. Therefore, only the component 
values for the 8-pole and 4-pole filters are tabulated in 
Figure 15 without the individual circuit diagrams. 


+20 
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FIGURE 14b — Originate Filter Gain and Group Delay 
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FIGURE 14a — Originate Filter Component Values 
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AUTOMATIC ANSWER/ORIGINATE MODEM SYSTEM 


The filter design for a fully automatic answer/originate 
modem system must have switchable bandpass character- 


istics. By tabulating the previous component values for 


both the answer and originate filters, one can draw some 
conclusions on how to best switch the filter from one range 
to the other. The following example uses the previous 
derived values for the 6-pole receive filter. Figure 16 indi- 
cates that switching in different values of R92 for all three 
sections and a different value for R5 in the second section 
would provide the required switchable answer/originate 
filter. By adjusting the non-switched resistors to the average 
value between the answer and originate filter values, the 
more accurate the first switchable filter prototype will be. 
A semiconductor switch is used to switch values of R2, and 
Operates in shunt to ground. The best choice for the shunt 
switch is to use a low on-resistance bipolar device such as 
the 2N3904. For switching R5 of section 2, a high off 
resistance device is required due to the high series resistance 
in the feedback path of the operational amplifier. An 
MFE2005 N-channel junction FET was selected to do this 
job. Figure 17a illustrates the fully automatic answer/ 
Originate switchable filter system. Also shown are the 
transmit buffer, duplexer, threshold detector, limiter, and 
mode control level translator sections. The level translator, 
which provides the correct on/off voltage levels to the 
bipolar FET switches, receives its answer/originate com- 
mand from the MC6860 modem mode control output pin. 


The measured response and envelope delay for the switch- 
able 6-pole receive filter design is shown in Figure | 7b. 

Figure 18 illustrates the complete modem system with 
the RS-232 interface to the CBS data coupler, and the 
direct interface to a CBT data coupler. Automatic dis- 
connect option inputs are handled by PC board mounted 
switches. The complete automatic modem, less the power 
supply, may be easily constructed on a single 4 x 5 printed 
circuit board. 


CONCLUSION : 

A low-speed modem design has been presented using 
the MC6860 LSI MOS digital Modem integrated circuit. 
Included has been a system design example using filter 
design tables and equations to develop a complete modem 
system. Also included have been component values for 
filter designs which may be used to develop full duplex 
modem systems. 

The availability of this LSI modem circuit along with 
the presented filter. designs should provide a very useful 
building block for the OEM modem and terminal designers 
by providing him precise digital modulation, demodulation, 
and supervisory control. The modem designer will find 
that a design approach using the MC6860 modem will 
also provide an impressive system size reduction as well as 
a better price-performance choice for his present and 
future low speed modem designs. 





Average 
Answer Originate or Answer Originate 
Resistor | 1070-1270 Hz | 2025-2225 Hz A Value Switched Switched 


23.89 k 24.26 k 
632.2 199.76 
211.7 k , 217.26 k 


34.28 k 29.85 k 
900.5 242.36 
303.75 k 267.23 k 
14.24 k 13.88 k 
1676.9 458.85 
125.72k 122.91 k 





FIGURE 16 — Switchable Modem Filter Values 
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Application Performance of the MC6860 MODEM 


A MODEM fills the need in a data communication net- 
work to provide interface between a telephone network, 
which carries analog information, and a computer sys- 
tem that operates on digital information. Figure 1 
illustrates a typical MODEM application in which both 
transmitting (modulation) and receiving (demodulation) 
sections are contained within each MODEM system. 
Traditionally, these signal conversion operations are per- 
formed by analog methods whereas Motorola’s recently 
introduced MC6860 MODEM modulates and demodu- 
lates using digital techniques. 


) 
MODEM SO) 


Demodulator 


MODEM Operation | 


Basically, a MODEM converts logical “1” and “O” levels 
into analog frequency tones and back again to “1”s and 


“0”s. These tones have the specific frequencies listed in 


Telephone Network | 


figure 2. Two pairs of tones are listed for each modem, 
one set for transmitting and one set for receiving, so that 
two-way (full-duplex) operation is possible over a single 
transmission line. The computer terminal MODEM that 
places a call is referred to as the originate MODEM, 
(transmitting tones of 1070 Hz and 1270 Hz) whereas 
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FIGURE 1. Typical MODEM System Application 
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the data terminal receiving this call is the answer 
MODEM, (transmitting tones of 2025 Hz and 2225 Hz). 


Modulation 


In an analog MODEM, one constructed of linear devices, 
modulation is accomplished by shifting the frequency of 
a sinewave oscillator. This oscillator is usually con- 
structed using tunable cup core inductors resonated with 
precision capacitors, a technique that can be expensive 
both in terms of components and the tuning necessary 
to meet frequency requirements. Temperature compen- 
sation of these oscillators is also necessary to maintain 
frequency tolerances across the operating temperature of 
the MODEM system. 


In the MC6860 digital MODEM, a 1-MHz frequency is 
divided down by digital counters to obtain the desired 
modulation transmit frequencies. Outputs of this 
counter chain are used, with a resistor ladder network 
and decoder, to generate an eight-level analog output 
signal. Each of the eight levels of the digital sinewave 
output has been designed to provide the composite 
waveform with a maximum amount of signal energy at 
the fundamental frequency. This lowers second har- 
monic content; consequently, less interfering signal is 
gererated which could cause problems during full- 
duplex operation. Output frequencies with an accuracy 
of 0.1% result from this digital modulation technique. 
The only external component necessary for MC6860 
modulator operation is either a 1-MHz signal source or a 
1-MHz crystal. 


Demodulation 


Demodulation in an analog MODEM depends on fre- 
quency discrimination obtained using narrow-bandwidth 
bandpass filters centered about each of the two possible 
received frequencies. When the received signal frequency 
is centered within one of these bandpass filters, a thresh- 
old comparator (slicer) is switched producing either a 
logic “1” or “O” output level dependent upon which 
frequency within either the originate or answer tone 
pairs was received. Analog demodulation deals directly 
with the continuously changing analog signal although 
periodic frequency changes occur. Recognition of these 
frequency changes is normally within 2% of the actual 
change in relationship to the total ‘received signal time 
interval. By adjusting the threshold of the slicer, the 
Output interval distortion (jitter) can be reduced to 
values of 1% or less. 


Digital demodulation in the MC6860 takes place in the 
following manner. The received analog frequency is first 
shaped into a square wave by the use of an external sym- 
metrical limiter. Once shaped, the signal’s half-cycle 
period is measured and this information is used to deter- 
mine if a space or a mark frequency is being received. 
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For example, the frequencies of 1070 Hz and 1270 Hz 
have half-cycle periods of 467 us and 393 ps, respec- 
tively. The optimum period for discriminating between 
a mark (1270 Hz) or a space (1070 Hz) frequency is the 
mean of these two half-cycle periods, or 429 ws, which 
may be easily measured by a counter circuit. 


Using this half-cycle measurement technique, a quanti- 
zation error results as is depicted in figure 3. When 
transition is made between a mark and space condition, 
the intervai for that particular halt-cycle depends on the 
phase of the half-cycle in which the change in frequency 
occurs. Thus, if the frequency changes early in the half- 
cycle period, this measured interval will closely approxi- 
mate that of the new frequency period. However, if 
the frequency changes later in the half-cycle period, 
determination of change will be based on the previous 
condition. Because counter techniques are used, a 
discrimination point exists in the half-cycle interval 
such that the new information (i.e., the change from 
space to mark or vice versa) will be detected at the end 
of the interval if the frequency change occurs prior to 
the discrimination point. If the frequency change is 
made after the discrimination point, the new informa- 
tion will not be effectively detected until the end of the 
next interval, at which time this measured half-cycle 
interval will be totally determined by the new frequency 
period. The net result of this detection scheme is that 
new data is effectively detected within regions either 
half an interval prior to the discrimination point or half 
an interval after the discrimination point. 


Point of Change in Incoming 


Mark/Space Frequency 
J 429 us Mark/Space 
Received Line Discrimination Point 


Signal 


<429 us a 


| 
| >429 us 
Signal was a Mark | Signal was a Space 


Sat Aone sazele Mark or Space? Space 
Output —| Half-Cycle Interval le— 


FIGURE 3. Mark/Space Uncertainty Region 





The quantization error associated with this half-cycle 
technique leads to an output distortion condition called 
jitter. As defined in EIA Standard, RS-404, “Standard 
for Start-Stop Signal Quality Between Data Terminal 
Equipment and Non-Synchronous Data Communication 
Equipment” and generally accepted in the industry, 
jitter is a measure of the time displacement of the 
detected transistions between signal states from their 
ideal instants. This is normally expressed as a percentage 
of the unit bit interval. From previous discussion then, 
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the peak jitter associated with the demodulation scheme 
used in the MC6860 can be expressed in equation form 
as 


3 1/4 Frequency Cycle Interval 
Bit Period Interval 


QF X 100% 


Since jitter is maximized by using the largest frequency 
cycle interval which occurs during a space logic condi- 
tion, phase jitter can be expressed as 


Bit Rate 


4X Space Frequency ev? 


oy * 


Tabulated in figure 4 are peak values of phase jitter that 
can be expected at the demodulator output of the 
MC6860 MODEM. 


FIGURE 4.MC6860 Demodulator Output Peak Phase Jitter (dy) 


Data Rate Answer Mode Originate Mode 
Bits per oat oy (Peak %) _ oy (Peak %) 





Although the demodulation technique used in the 
MC6860 leads to a somewhat larger amount of jitter 
than that from demodulators using linear devices, the 
overall jitter in a system is dependent on other factors 
including filter characteristics, transmission line charac- 
teristics, and system noise. These generally have about 
the same effect whether linear or digital techniques are 
used in the demodulation process; however, their contri- 
bution to system jitter may well be more significant than 
those of the demodulation process itself. 


Digital Input 
‘to Modulator 


Digital Output 
of Demodulator 


Peak Phase 
Jitter 


Why is Jitter a Concern to the MODEM User? 


The effects of jitter can be thought of as a noise im- 
pingement on the data itself and since the complete bit 
interval may not be present, more errors may result. A 
look at many applications shows that at higher data rates 
the MODEM will interface with terminal transmitter/ 
receiver devices, or asynchronous communication inter- 
face adapters. Such interface units sample the bit inter- 
val very close to the mid-point as indicated in figure 5. 
Consequently, a very large amount of phase jitter must 
be present before any errors occur. At slower data rates 
where mechanical MODEMS may be used, the system 
jitter is appreciably less than that of the MC6860 


_ demodulator indicated in figure 4 and has little effect on 


device operation. Thus the jitter associated with the 
digital demodulation technique can be tolerated in a 
wide range of applications and provide acceptable 
MODEM system performance. 


Bit Error Rate Performance 


MODEM system performance is best shown by docu- 
menting the MODEM’S back-to-back error rate per- 
formance when the system is subjected to noise. Back- 
to-back operation is where MODEM A transmits to 
MODEM B over a connecting line and both the trans- 
mitting and receiving ports are locally available to a test 
instrument. The test setup shown in figure 6 uses a 
Bowmar 251A error rate test set to measure the 
MODEM system performance. A 511-bit pseudo random 
data pattern is supplied to MODEM A’s modulator for 
transmission over the line to MODEM B’s demodulator. 
The modulator’s analog output is combined with noise 
at a line mixer unit and a signal of measured signal-to- 
noise ratio is delivered to the line input of MODEM B. 
MODEM B, operating in the originate mode (receiving 
2025/2225 Hz tones), demodulates the received analog 
data into digital data in the presence of noise and de- 
livers this data stream to the Bowmar test set. 


Electronic 
Device Sample 
Point 


FIGURE 5. Demodulator Data Bit Output 
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FIGURE 6. Back-to-Back Full-Duplex MODEM Error Test 


The test set will compare the received data bit-for-bit 
with the transmitted data and each difference will be 
recorded as a bit error. Errors are recorded for a speci- 
fied number of transmitted bits and the ratio of the 
number of bit errors to the number of bits sent is de- 
fined as the probability of bit error. This ratio is plotted 
against the measured line signal-to-noise ratio, figure 7, 
which then represents a MODEM’S system performance. 
Figure 7 has included for comparison a plot for a Bell 
113A MODEM, an industry standard. Curves are shown 
for a MC6860 MODEM system operating in a full- 
duplex mode. These curves indicate that the MC6860 
subjected to system noise provides excellent bit-error 
rate performance. 


Summary 


Although the jitter resulting from the digital demodu- 
lation technique used in the MC6860 MODEM is some- 
what larger than that obtained using linear techniques, 
performance data shows that the MC6860 provides 
excellent performance in data communication systems. 
Advantages of small size, low-system expense, and good 
performance make the MC6860 MODEM a very cost- 
effective device worthy of serious consideration for your 
data communication applications. 
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FIGURE 7. MODEM Bit-Error Rate Originate Mode 
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Application Note 


MC14412/MC145440 CHIP SET 
SETS NEW STANDARD IN 
300 BAUD MODEM DESIGNS 


Prepared By: 
Richard Hall 
MOS Telecommunications System 





The advent of the MC14412/MC145440 modem chip set 
offers a dramatic reduction in the cost and in the complexity 
of 300 baud modem designs. The MC14412 is a CMOS 
device that performs the modulate/demodulate functions of 
a basic 300 baud modem. The MC145440 is a CMOS 
switched-capacitor filter that provides the necessary upper- 
and lower-band separation for full-duplex operation at 300 
baud. By adding a small number of components, a complete 
Bell 103-compatible modem can be built. 


HOW DOES A 300 BAUD MODEM WORK? 


A 300 baud modem is perhaps the most common type of 
- modem encountered in data communications. Its advantages 
are many: low cost and complexity, full-duplex operation 
over a two-wire connection, and reliable operation over the 
normal dial-up telephone network. It has found a home in 
banks, offices, laboratories, and computing centers; and 
now with the increasing popularity of personal computers, it 
is even in our own homes. 

These 300 baud modems (based overwhelmingly on Bell 
103 operation) employ a modulation scheme called Frequen- 
cy Shift Keying (FSK), a slightly intimidating term for a sim- 
ple technique of using different frequencies to encode digital 
data for analog transmission over the telephone lines. In 
other words, a logic one causes the modem to transmit one 


frequency while a logic zero causes another frequency to be 


transmitted. Full-duplex transmission over a _ two-wire 
telephone line is achieved by separating the bandwidth of the 
line (300-3,000 Hz) into a low band and high band, each con- 
taining two frequencies for a logic one or zero. These two 
frequencies are referred to as mark and space, with mark 
representing the higher of the two frequencies. The frequen- 
cy designations for Bell 103 operation are shown in Figure 1. 

To avoid two modems trying to transmit data on the same 
band, a simple protocol usually exists. Whenever one modem 
calls another modem, the calling or originate modem 
transmits on the low band and receives on the high band. The 
modem you are calling will operate in the answer mode, 
transmitting on the high band and receiving on the low band. 


Variations on this theme are answer-only and originate-only 
modems that only transmit or receive on one particular band. 

Communication theory predicts that the signal bandwidth 
of binary (that is, two frequencies in each band) FSK 
operating at 300 baud, with mark and space 200 Hz apart, is 
approximately 300 Hz.! This bandwidth is centered about 
the apparent carrier frequency halfway between the mark 
and space frequencies. In order to properly demodulate the 
FSK signal and attenuate out-of-band noise, the filter should 
have a similar bandwidth of 300-400 Hz for each band. 
Another concern is that the filter minimize envelope delay 
distortion (EDD), which is a measure of the linearity of a 
filter’s phase response. Excessive EDD can distort the signal 
enough such that baud transitions smear and ultimately pro- 
duce an error (this problem is usually called intersymbol in- 
terference). The MC145440 filter meets these requirements, 
as is shown in Figure 2. 


300 BAUD MODEM EVALUATION BOARD 


The schematic for a simple 300 baud modem that we have 
designed for.an evaluation board is shown in Figure 3. This 
board allows the user to evaluate the performance of the 
MC14412/MC145440 system over a telephone line. An RS- 
232C connector permits testing with a terminal or any other 
RS-232C compatible equipment. A TTL compatible inter- 
face is also provided through the coaxial connectors TTL 
data in and TTL data out. The user can program this board 
to accommodate either single or dual power supplies. Swit- 
ches and solderable straps allow. selection of 
originate/answer, loop-back, different crystal frequencies, 
and other options, as are described in Figure 4. 

To set up the board for a particular power supply con- 
figuration, it is important to understand the operation of the 


. Single/dual strap and how it relates to the power input 


3-74 


jacks — Vpp, Vss, and VAG. When connecting a single 
supply of +5to +6 V, the board must be strapped to use the 
internal Vref generated by the MC145440 (E4-E5). 
Therefore, the + V would be connected to Vpp and ground 
to the Vss terminal. The single strap (E13-E14) serves to 
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define the RS-232C signaling ground and the data in/out 
connectors’ ground at the + V ground. To provide a negative 
supply below the + V ground for the RS-232C interface, the 
RS-232 Vss jack provides access to the MC1488 drivers’ 
negative supply input (— Vps). When wanting to run the 
board from a + supply, the Vref strap (E4-E5) would be 
open and the single/dual point would be strapped for dual 
operation (E13-E15). + V would be connected to Vpp, — V 
to Vss, and the common or ground of the supply would be 
connected to VAG. This procedure is illustrated in Figure 5. 
An important note for use of the RS-232C. port is that the 
board must be run at either +6 V or at +6 V with —Vps 
connected to — 6 V for proper operation of the MC1488 RS- 
232C drivers. 


Band . 
San [wait | van | 
1270 He 







Orig= Transmit On Low Band 
Receive On High Band 

Ans= Transmit On High Band 
Receive On Low Band 


FIGURE 1 — Bell 103 Frequency Designations 


THEORY OF OPERATION 


Asynchronous digital data is input from the RS-232C port 
or from the data in coaxial connector (TTL logic levels) by 
proper selection of Sl. The MC14412 then transmits 
either a mark or space frequency in the form of a digitally- 
stepped waveform (the output of the resistor-string D/A). 
This waveform is ac-coupled to remove any dc offset. R3 sets 


the input level to the transmit filter and subsequently sets the 
output level to the line. 

The signal at U2 pin 3 is then filtered and amplified by 10 
dB and output at TxO, pin 2.This output will supply +5 mA 
at 4 V peak when the part is running on +5 V. This signal is 
then routed to the input of the active duplexer as well as to 
transformer T1 and on to the line.* The purpose of the 
duplexer is to help reject transmit signal energy while ampli- 
fying the receive signal at TP! by 6 dB. Balancing the duplex- 
er is an important procedure that minimizes transmit signal 
interference, and is shown in Figure 6. T1 is a typical 600:600 
ohm telephone coupling transformer whose primary is rated 
to handle the 20-80 mA of dc loop current possible when seiz- 
ing the telephone line. ZN1 is a transient-suppressor device 
designed to absorb any voltage spike above a certain clamp 
level. R8 provides surge current limiting to help protect the 
ZN1. 

The receive signal at TP1 is routed to the non-inverting ter- 
minal of the duplexer op amp (pin 17). After being amplified 
by 6 dB, it is input to the receive filter at RxI (pin 13). The 


_ filter output is at RxO (pin 14) and this is fed to the limiter 
and carrier detect circuits. Between the actual input to the 


limiter and RxO is an optional gain of two stage (U4) which 
allows receive sensitivity down to — 45 dBm without having 
to trim the offset of the limiter comparator (USA). The out- 
put of the gain stage is then filtered by a simple RC low pass 
that attenuates the high frequency switching noise inherent in 
a switched-capacitor filter. The signal at TP4 is ac-coupled 
into the limiter which converts the sinusoidal waveform into 
a symmetrical square wave which is then input to the 
MC14412 (pin 1) for demodulation. Careful layout of the 
limiter is important since extraneous high frequency noise 
can create jitter in the square wave output, degrading bit- 
error-rate performance. Selection of a low-offset comparator 
for the limiter is also critical since a higher offset will produce 


*Before actual connection to the telephone line, the FCC requires that either a DAA be placed between the modem and the line or that the entire 


modem be certified and registered under the provisions of Part 68. 
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FIGURE 3 - MC14412/MC145440 Modem Evaluation Board Schematic 
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more duty-cycle distortion and perhaps exceed the 50 +2% 
duty-cycle requirement of the MC14412. 

The carrier detect circuit consists of USB through USD. 
The output of the first comparator (pin 13) goes into a decay 
control network formed by R16 and C13. When carrier is 
detected, pin 13 goes low, discharging C13. As the waveform 
passes below its peak, C13 begins to charge through R16 and 
therefore controls the decay response of carrier detect. The 
network on the output of USC pin 14 controls the attack time 
and consists of R17, R18, CR1, and C14. When carrier is 
present, pin 14 goes low, discharging C14 through R18. 
Therefore, carrier must be present for a certain amount of 
time before it is recognized and causes pin 2 to switch low. 
The time responses for the attack and decay networks are: 

Attack time = R18C14 In(’“%)=111 ms 

Decay time = R16C13 In(‘2) =52 ms. 


Three dB of hysteresis is accomplished by the resistor net- 
work of R19-R21. The whole carrier detect circuit will turn 
on at a received signal level of — 40 dBm at TP1 and turn off 
at —43 dBm when operating at +5 V. 

Several features of the MC145440 merit special considera- 
tion because of the flexibility they allow the designer. One is 
the clock output pin (pin 11), which provides a 1 MHz clock 
to the MC14412 when operating the MC145440 at either | or 
4 MHz. The clock select pin (pin 6) controls the selection of 
which external crystal to use — 4, 1, or 3.6864 MHz. The big 
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advantage here is that a 4 MHz crystal is much cheaper than 
a 1 MHz crystal, although power consumption of the 
MC145440 increases slightly. Output levels are defined by the 
voltage at the Vis pin (pin 10) for use of either CMOS or 
TTL logic. The V;ef output (pin 5) generates a mid-supply 
voltage between Vpp and Vss for use in single-supply ap- 
plications. As you can see, the design of the MC145440 was 
geared to making the modem designer’s task much easier. 


RECEIVE SENSITIVITY TESTING 


The test set-up tor evaluating receive sensitivity in the 
originate and answer modes is shown in Figure 7. The pro- 
cedure for determining the receive level at the line side of T1 
(A and B) is to first adjust the transmit signal level at A and B 
to about —9 dBm (via R3 and with the line side of the 
transformer terminated in 600 ohms), which is the maximum 
signal level allowed on the line. Then connect the receive 
signal and decrease its level until the bit error rate (BER) ex- 
ceeds 1X10—5. Next, close S3 to the test position and 
measure the signal level at A and B with a bandlimited 
voltmeter, such as the HP 3551 with 3 kHz flat filtering. This 
is then the receive sensitivity — the lowest level at which the 
demodulator begins to make significant errors on a back-to- 
back set-up. Measured performance on the evaluation board 
was — 45 dBm in both the originate and answer modes. 


= (Optional for RS-232C Operation) 


RS-232C GND 
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Requires + V of 
At Least 6 V and —Vrs 
. of -6V. 
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FIGURE 5 — Power Supply Set-Up 
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CONCLUSIONS . 

A simplified method of designing a basic 300 baud modem 
with the MC14412/MC145440 has been presented which of- 
fers very good performance and ease of implementation. The 
attention to detail which is reflected in the options and 
features of the MC145440 help the design engineer meet the 
variety of modem criteria that might otherwise exclude other 


Reference 


parts. One common design requirement might be for a line- 
powered modem in which power consumption would be im- 
portant. Since both the MC14412 and MC145440 can work 
at 5 V, a very-low-power system can be designed that 
operates on only +5 V. A possible circuit for this application 
that stresses minimum cost and power consumption is shown 
in Figure 8 with the component layout shown in Figure 9. 


1. K. Sam Shanmugan: Digital and Analog Communication Systems, Wiley, New. York, 1979. 
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Balances 
. Amplitude 
Component 


Output of 
Duplexer 


Signal 
Source 


— 10 cBm 
1170 Hz 


Balances 
Phase 
Component 


The purpose of the duplexer is to help reject transmit signal energy from the receive signal. 
Theoretically, a duplexer can be ‘‘tuned” to achieve infinite rejection — where the phase and 
amplitude of the inverting and non-inverting signals cancel through the duplexer op-amp. In 
practice however, telephone line impedances vary enough such that only about 10-15 dB of 
rejection can be expected. To attain this rejection, it is recommended that the duplexer com- 
ponents (R5, R6, R7, and C8 in the schematic) be tuned for the impedance and loss 
characteristics of the particular type of transformer being used. This will minimize the im- 
pedance variation of the line. Once these component values have been determined for a par- 
ticular transformer type, further trimming is usually unnecessary on a board-to-board basis. A 
recommended procedure for balancing the duplexer, which was used in finding the values in 


the schematic, is as follows: 


1. First, put the Tx! input to VAG. Next, connect a 600 ohm signal source to points A and 
B (nominally — 10 dBm @ 1170 Hz). Tweak R5 until the loss at point A and B is exactly 
6 dB. This allows maximum power transfer through the transformer. 
With R5 at this new value, replace the signal source with a 600 ohm resistor at points A 
and B. Now feed the Txl input with the signal source at the same level and frequency. 
Now tune R7 until the signal out of TxO reaches a minimum at AO. Then tune C8 until a 
new, lower minimum is reached which should be around 30 dB. The phase and 
amplitude of the two signal components have now been matched for the best rejection 


over the spread of telephone lines. 





FIGURE 6 — Duplexer Considerations 
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FIGURE 7 — Test Set-Up 
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FIGURE 8 — Modem 1 Board MC145440/MC14412 
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FIGURE 9 — Modem 1 Board MC145440/MC14412 
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Application Note 


2400 BPS DPSK MODEM SYSTEM | 
USING THE MC6172/6173 


Prepared by 
Richard Hall | 
MOS Telecommunications Applications 


INTRODUCTION 


The tremendous growth in data communications has spur- 
red the development of many diverse modems for use on the 
normal dial-up telephone network and on private leased 
lines. One of the more prominent ones is the type 201, 2400 
bps (bits per second) system such as the Bell 201B/C data set 
or the system described in CCITT specification V.26/V.26 
bis. This type of modem uses a technique of modulation call- 
ed differential phase-shift keying (DPSK) in which a carrier 
frequency is phase modulated to represent different infor- 
mation states. The Motorola MC6172/6173 chip set is an 
NMOS LSI subsystem designed to perform the modulate/ 
demodulate and control functions for implementing a DPSK 
modem. Pin-selectable options permit compliance with either 
U.S. (Bell) or European (CCITT) requirements and also 


allow selection of the standard data rate of 2400 bps or a. 


secondary rate of 1200 bps. By using the MC6172/6173 chip 
set as a core, a complete modem system can be easily built 
that offers high performance at a surprisingly reasonable 
cost. | 


BACKGROUND 


As mentioned, DPSK employs periodic phase shifting to 
transmit information through a communication medium. 
The primary advantage of this method of modulation is its 
efficient use of the narrow bandwidth of a telephone channel 
(typically 300-3000 Hz). This efficiency comes about through 
the use of multiple phase states which allow higher data rates 
within the same channel bandwidth. As a specific example, 
let us consider how DPSK is done in the MC6172/6173 
system. The basic signal spectra for MC6172 modulator is 
from 600 to 3,000 Hz because it modulates an 1800 Hz carrier 
at a 1200 Hz rate (fearrier + fmod). In the 1200 bps mode, 
only two phase-shift states are used to encode each bit of 
data per baud transition (The baud rate is the actual signaling 
rate of the carrier). By using four phase states, two bits of 
data can be encoded at each baud transition which results in 
twice the data rate within the same channel bandwidth. Each 
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two bits of data in the 2400 bps mode is called a dibit and the 
time that modulation begins to encode each new dibit is call- 
ed dibit clock. The coding scheme of the U.S. and European 
options for 1200/2400 bps is as follows: 






- 1200 bps | 2400 bps 
|__| Option C| Option D. Dibit | Option A] Option B 
Data | CCITT | U.S. Data | CCITT | USS. 
0 +90° +45° 00 , +45° 














1 +270° | +225° + 135° 


+ 225° 
+ 315° 





The term ‘‘differential’’ in DPSK refers to the fact that 
each time a phase shift occurs, it is in reference to the 
previous phase. This process is shown in Figure 1. Differen- 
tial modulation eliminates the need for a synchronized 
reference at the transmitter and receiver. In our system, the 
MC6173 demodulator derives its timing synchronization 
from the incoming signal, although it does require an exter- 
nal clock for internal sequencing and to provide a reference 
input to the internal phase-locked loop (PLL) used to derive 
the carrier frequency and the 1200 Hz modulation compo- 
nent (dibit clock). 


1800 
Carrier 





FIGURE 1— DPSK Format 


Detection of DPSK signals occurs in one of two ways: dif- 
ferential coherent or differential comparative. Differential 
coherent uses a local noise-free reference in phase lock with 
the incoming signal for demodulation. This is the method 
used in the MC6173. Differential comparative delays the in- 


AN870 


coming signal one symbol transition time (or baud time) and 
compares this information with the next symbol change. 
Although differential coherent detection is more complex, it 
offers a significant signal-to-noise-ratio improvement of 2.3 
dB over comparative detection for a 4-phase system in the 
presence of white noise. 

To allow for detection of the 1200 Hz modulation compo- 
nent or dibit clock, an AM envelope is superimposed upon 
the output signal of the MC6172 modulator. This envelope 


also serves to define the waveform shape during the transi- 
tion from one phase to another which occurs at the positive- 
going edge of dibit clock. As shown in Figure 2, the AM 
envelope of bordering dibit intervals are summed together to 
provide a smoother waveform with less spectral content than 
one with instantaneous phase shifts. The demodulator 
system uses a full-wave rectifier and a narrow band-pass 
filter to recover this envelope information for internal 
synchronization. 


1200 
Clock 


1800 Carrier 


AM 
Envelope 


Secondary 


Actual DPSK 


Signal cae 


Secondary . 





FIGURE 2— DPSK Waveforms 
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THE REAL WORLD © 


_After the MC6172 modulator has received the input serial 
data, grouped it into dibits (2400 bps operation), and modu- 
lated the 1800 Hz carrier accordingly, the output DPSK 
signal is thrust into the real world of the switched telephone 
network. This environment typically contains such line 
impairments as noise, phase jitter, crosstalk, frequency 
translation and high voltage spikes. Of these, noise and 
phase jitter are the most important to consider in a DPSK 
system like the MC6172/6173. General background noise is 
usually treated statistically as a guassian distribution. In 
‘subsequent performance tests, the noise mentioned will be of 
the white guassian type. Phase jitter is a measure of the phase 
modulation the communication environment is imposing 
upon the line signal and is usually measured in degrees peak- 
to-peak at some frequency of modulation (°p-p/Hz). 

To overcome some of the impairments in the normal dial- 
up telephone network, Bell and others can offer the modem 
user a variety of private leased lines which do not pass 
through any switching apparatus. These lines typically have 
special conditioning for higher quality transmission. A very 
popular choice is the 3002 voice-grade line which comes in 
_ five different levels of quality; C1, C2, C4, C5 and the basic 
unconditioned line. It is characterized by a higher SNR, flat- 
ter amplitude response, better phase linearity and less tran- 
sient interference than dial-up lines. With appropriate 
equalization as will be described later, the MC6172/6173 
modem can be used on any of the 3002 lines in addition to its 
dial-up line capability. 


SYSTEM OVERVIEW 


A block diagram of the MC6172/6173 modem system is 
_ shown in Figure 3. Serial data is output from the business 
machine or DTE (Data Terminal Equipment) as it is usually 
referred to, and transferred to the MC6172 modulator via an 
RS-232C interface (optional). Under the control of the DTE, 

the modulator produces a DPSK signal which is in the form 


Business 
Machine 
(DTE). 


MC6172 
Modulator 


Telephone. 


Band-Pass 


Equalizer 


Line 


Env 
, Detect _ 
/ A/D - 


of 6-bit digital words. The D/A converter then constructs a 
PAM waveform from the digital words. A low-pass filter 
limits the output frequency spectrum before transmission to 
the line. After propagating through the communication 
medium, the signal appears at the input to the demodulator 
system containing the MC6173 demodulator. The signal is 
then amplified, filtered by a band-pass filter and phase 
equalized. (The need for equalization would depend upon 
the quality of the line.) At this point, the signal splits into 
two paths: one through an automatic gain control (AGC) cir- 
cuit and the other through the carrier detect circuit which 
merely indicates to the demodulator that sufficient signal 
energy is on the line. The AGC stabilizes the level of the 
signal before feeding the 1200 Hz envelope filter and the 
A/D converter. The 1200 Hz filter recovers the dibit clock 
from signal for synchronization with the internal dibit clock 
of the MC6173. The A/D converter uses successive approxi- 
mation to transform the analog signal into a digital bit 
stream that is input to the demodulator. The MC6173 
decodes the digital DPSK data into the original data which is 
then transmitted through another RS-232C interface to the 
receiving DTE. 

The system as shown in the block diagram is only in a 
simplex mode of operation in which data flows in only one 
direction all the time. For half-duplex operation, where data 
flows bidirectionally but not simultaneously, a MC6172 and — 
MC6173 would be needed at both ends of a 2-wire connec- 
tion. In order to realize full-duplex operation where data 


flows bidirectionally and simultaneously, a 4-wire connection 


would be required. 


Modulator System Design 

The modulator design procedure is relatively straightfor- 
ward and does not affect overall modem performance a great 
deal. The complete circuit schematic for the modulator 


system is shown in Figure 4. A thorough pinout description 


of. the MC6172 will not be presented here; therefore the 
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FIGURE 3—MC6172/6173 Modem Block Diagram 
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NOTES: 
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2. Bypassing of power is recommended at all chips 
3. T1 is a 600:600 2 telephone transformer 
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FIGURE 4 — 2400 BPS DPSK Modulator System 
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reader should consult both a MC6172 and MC6173 data 
sheet for full details. The clock source for the MC6172 is a 
simple CMOS inverter oscillator using a 1.8432 MHz + 
0.005% crystal as a.time base. The MC6172 uses this 
reference frequency to derive the 1200/2400 Hz transmit 
clock, the 1800 Hz carrier and the dibit clock. The External 
Clock input (pin 11) can be used to supply the modulator 
with an external transmit data clock. 

Control of the modulator by the DTE is established 
through the RS-232C interface and consists of these signals: 
CTS, RTS, Tx Data and Tx Clk. Tx Data is the input line for 
the serial digital data and Tx Clk is the clock provided by the 
modulator for clocking in the data. RTS stands for Request- 
To-Send and essentially is the output enable of the 
modulator. A high-to-low transition on RTS initiates a train- 
ing sequence of constant marks (a mark is a logic one; a 
space is a logic zero) to be sent for a duration determined by 


RTS-to-CTS delay selected by CTS1 and CTS2 (pins 3 and 2, 


respectively). When this delay has timed out, the CTS (Clear- 
To-Send) function, pin 4, falls low indicating to the DTE 
that normal! data transmission can now begin. To terminate 
transmission, the DTE would take RTS high. A secondary 
output, DRTS (Delayed-Request-To-Send, pin 5) indicates 
the exact time the modulator actually ceases transmission. 
The small delay from the rising edge of RTS and the rising 
edge of DRTS is required to allow the residual data in the 
MC6172 to be sent after RTS goes high. An important note is 
that signals from RS-232C are inverted from the true logic of 
the MC6172; consequently, a mark to the interface is the 
most negative voltage level while in the MC6172 it is the most 
positive logic level. The Motorola MC1488/89 RS-232C 
interface chips provide the necessary inversion and logic 
shifting for compatibility between RS-232C and the 
MC6172/6173 modem system. . 

DPSK data is presented at U3, an MC1406 D/A converter, 
in the form of a 6-bit digital word. A reference current is sup- 
plied by an MC1403 +2.5 Vref through R1. This current 








(about 2 mA) flows into pin 12 of the 1406 and is used as a 


reference to supply an output current at pin 4 proportional to 


_the input digital word (pins 5 through 10). U4 is a simple’ 


current-to-voltage converter which establishes 4 volt peak-to- 
peak signal at TP1. Because the signal at TP1 is a PAM 
waveform with excessive high-frequency content, a low-pass 
filter is required. A fourth-order 0.01 dB ripple Chebyshev 
was chosen and its design equations are given in Appendix I. 
This filter provides excellent amplitude response and has a 
small envelope delay distortion (EDD) of 61 ys (referenced to 


delay at 1800 Hz). The output of the filter, pin 6 of U6, — 


passes through an adjustable gain buffer (U7) that estab- 
lishes a signal level range of +1 to —3 dBm/600 ohms at 
TP2. 

Before actually connecting the output of the modem to a 
dial-up switched telephone line, Bell requires that a DAA or 
Data Access Arrangement be placed in series between the 


modem and the line. The purpose of the DAA is to protect . 


the line from faulty operation of the modem, such as im- 
proper ground isolation or excessive power transmission. A 
DAA can be leased from various suppliers or can be built by 
the user and then certified by FCC under specification Part 
68. 


DEMODULATOR SYSTEM DESIGN 


_ The demodulator system is shown in Figure 5. The signal 

voltage occurs across Tip (T) and Ring (R) of transformer 
T2. The signal is then amplified by 8 dB via U9 and then fed 
into the receive band-pass filter (400-3600 Hz pass-band). 


This filter is constructed by cascading a 2nd-order Chebyshev 
high-pass with the 4th-order low-pass used in the modulator 
system. The design equations for the high-pass are also given 
in Appendix I. 

After filtering, the signal can be equalized if required to 
minimize the EDD of a typical 3002 voice-grade line. The 
EDD is usually worst about the channel band edges because 
that is where band-pass poles begin to accumulate phase. The 
schematic for the equalizer and its EDD response is shown in 
Figures 6 and 7, respectively. 

The conditioned DPSK signal is then output at TP7. From 
there it goes to the carrier detect circuit and the AGC. The . 
carrier detect consists of a 20 dB gain stage (U9D) and a com- 
parator formed by U18 and U19 (MLM311) that will provide 
at least 3 dB of hysteresis. As shown, the circuit will turn on 
with an input level of — 43 dBm or greater and will stay on 
until the signal falls to —48 dBm. These trip points can be 
adjusted by changing the divider network of R43-R45. The 
output of the carrier detect circuit is at U34 pin 6 which is 
connected to FCar (pin 2) of the MC6173. A negative transi- 
tion at this point indicates to the demodulator that sufficient 
signal energy has been detected. If there is noise greater than 
— 43 dBm on the line, then the trip points must be raised to 
prevent false triggering. The AGC consists chiefly of a 
Signectics NE571 compandor chip. This is a bipolar device 
that combines an integrated rectifier and variable gain 
amplifier in one package. The signal at TP7 is ac coupled 
into pins 2 and 6 of the NES71, the rectifier and signal 
inputs, respectively. C6 is the rectifier capacitor used to filter 
the signal at pin 2 and it directly affects the time constant of 
the circuit. After rectification and filtering, a dc level is ob- 
tained to control the gain of the signal at pin 6. The output of 
the AGC is taken from pin 7 of the NE571 and ac coupled to 
TP9. As shown, the AGC will maintain an output level at 
TP9 of 0 dBm + 1.5dB from — 48 to 0 dBm at the input to 
the demodulator system (pins 1 and 2 of T2). 

The signal at TP9 is routed to the 1200 Hz envelope detect 
circuit and the A/D converter. The envelope detect consists 
of a precision full-wave rectifier and a 1200 Hz band-pass 
filter. The output of the band-pass is ac coupled into U13, 
which is a comparator used to square the waveform before 
going into the Env input (pin 10) of the MC6173. The 
envelope signal is essentially the dibit clock of the incoming 
signal and is used by the MC6173 for synchronization with its 
internal dibit clock during the initial training sequence of all 
marks. . 

The A/D subsystem consists of an LF398 sample-and-hold 


chip (U12), an MC14559 successive approximation register 
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(U17), an MC1408 D/A (U16), a current-to-voltage con- 
verter (U21) and a comparator (U14). Operation of this cir- 
cuit is initiated by a negative transition of U12 for it to 
‘‘hold’’ a voltage sample of the signal at TP9. U17 begins to 
construct a digital word by setting successive bits and com- 
paring the subsequent output voltage at U21 pin 6 with the 
held voltage sample at U12 pin 5. If the voltage sample is less 
than the output voltage of the D/A, then that particular bit 
of U17 is set; otherwise it is reset low. This process continues 
at a 460 kHz rate until a 7-bit word has been constructed and 
shipped serially to the MC6173 from U17 pin 5. The clocking 
for the A/D is provided by the MC6173 through the ADS 
and ADC outputs (pins 8 and 6). . 

To summarize the operation of the demodulator system, 
assume that there is no data being sent by the modulator and 
the demodulator is in an idle condition. FCar is then at a high 
state which has effectively disabled the MC6173. The 
modulator initiates transmission at some point which, for the — 
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2. Bypassing is recommended at all chips 
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c19 ; 3. All capacitors in microfarads unless noted otherwise. 
20 pF 
U9, U11 MLM4741 Quad Op-Amp (14 Fin) — any 741-type op-amp will do 
9 T10 12 U10 NE571N Compandor/ Variable Gain (16 Pin) 
U12 LF398N Sample/Hold (8 Pin: 
443 J2 fi 415 j14 {13 [12 U1, 14, 18, 19 MLM311 Comparator (8 Pin) 
5 A Ui5 MC14007 Dual Complementary Pair/Inverter (14 Pin) 
U16 MC1408 D/A (16 Pin) 
B U17 MC14559 SAR (16 Pin) 
: U21, 37 MC741S Op-Amp (8 Pin) 
C D1-D5 iIN914 Diodes 


FIGURE 5 — 2400 BPS DPSK Demodulator (1 of 2) 
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Eye Pattern Generator (Optional) 
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Resistors (+ 1%) 


R50 = R58 = 4.64 k 
R51 = R59=9.53 k 
R52= R60= 19.1 k 
R53 = R61=37.4 k | 
R654 = R62=75 k 
.R55= R63= 150 k 
R56 = R64 = 301 k 
R57 = R65=604 k 
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1 3 0° 
= Eye Out 
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= 
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U27, U28 MC14015 (16 Pin) Pin 8=GND, Pin 16= +5 V. 

U29-U32 MC14175 (16 Pin) Pin 8=GND, Pin 16=+5V 

U33, U34. MC14049 (16 Pin) Pin 8=GND, Pinl=+5V 
U35 MC14013 (14 Pin) Pin 7=GND, Pin 14=+5V 
U36 MC14073 (14 Pin) Pin 7=GND, Pin 14=+5V 


FIGURE 5 — 2400 BPS DPSK Demodulator System (2 of 2) 
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NOTES 
U101-105 741S (+12 V PWR) 
All Resistors 1% 
All Capacitors 5% 
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FIGURE 6 — 2400 BPS Modem System Equalizer Sub-Board 
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FIGURE 7 — EDD Response 


specified training period, consists of all marks. The carrier 

detect circuit is turned on, taking FCar low and enabling the 
MC6173 to widen its PLL to lock onto the incoming signal. 
The envelope detect presents the recovered dibit clock at Env 
for internal synchronization during this time. After the train- 
ing period times out, normal data transmission occurs and 
the Env input is ignored. All subsequent timing for this data 
message is derived directly from the DPSK signal. To 
lengthen the training period at the MC6173 in which 

_ envelope information is taken from Env, the Cars input (pin 
15) should be taken low for the amount of the extended 
period. 


Scrambler 

A scrambler circuit is shown in the upper-left corner of 
Figure 4. This circuit will scramble the serial data with a 
511-bit psuedo-random pattern as called for in specification 
V.52. The scrambling of data is done in an attempt to 
minimize demodulator sensitivity to long strings of spaces. 
When the scrambler is enabled (Scramble Select = 0), the Test 
Pattern Enable pin (TPE) should be left high. The MC6173 
demodulator has a built-in descrambler that is enabled by 
taking its TPE input (pin 18) low. 


Eye Pattern Generator 


The MC6173 demodulator has the capability of producing 
an ‘‘eye’’ pattern through the use of the 90° Eye and 0° Eye 
outputs (pins 4 and 5). An eye pattern is a graphic indication 
of the incoming signal quality. The circuit for generating an 
oscilloscope picture from the 90° and 0° Eye pins is shown, | 
surrounding the MC6173, in the second page of Figure 5. 
U27 and U28 are serial-to-parallel data registers that allow 
the eye information to be clocked out. The A/D Strobe out- 
put of the MC6173 is used to clock out the eye information to 
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a resistor-scaling network that produces an equivalent 
discrete voltage level. As more data is clocked out, a PAM 
staircase waveform is constructed which illustrates the 0° and 
90° carrier shifts. To see the waveform on an oscilloscope, 
attach probes from two channels to TP12 and TP13 and 
Overlap the patterns on the scope while triggering on Dibit 
Clock (pin 21). The round spaces in the pattern are the eyes 
and if they are clearly defined the signal quality is high. As 
more noise and jitter perturb the signal, the eyes tend to 
become fuzzy and close up. Pictures of actual eye patterns 
for both phase options are shown in Figure 8. 


PERFORMANCE TESTS 


Performance data on modems is usually a nebulous area of 
comparison. One modem manufacturer may specify his 
modem using C-message weighted noise while another may 
use 3 kHz-flat weighting. Test equipment will vary and line 
simulators will have different characteristics. To validly com- 
pare modems, one must use the same equipment setup and 
test procedure. In the following tests, the equipment and 
procedure will be clearly stated. 

The equipment setup is shown in Figure 9. The Bradley 
2A/2B disturbence generator is designed to simulate such 
line perturbations such as phase jitter, frequency translation, 
AM interference and white noise. The Comstrom-S.E.G. 
FA-1445 simulates a worst-case 3002 unconditioned line. The 
HP 3551 is an ac voltmeter that can measure noise using dif- 
ferent weighting schemes. In all cases, noise measurements 
were made using the 3 kHz-flat filter while modem signals 
were measured in the Receive Tone mode (0-60 kHz band- 
width). The HP 1645A data error analyzer provided the | 
serial test data and bit error rate (BER) figures. In all cases, 
the data pattern was the 511-bit psuedo-random sequence. 
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The performance tests, shown in Figures 10 through 13 Figure 13—Performance when an S.E.G. 3002 Line 
are: Simulator is placed in the signal path. The 
Figure 10—This is a test of back-to-back performance equalizer used is the one described in Figure 6. 
with white noise and phase jitter added for The curve shows the worst-case performance 
phase option B. Degradation in SNR is about that can occur with a worst-case 3002 line and 
2.1 dB at 1x 10~—4 bit error rate. the equalizer strapped in. On a typical 3002 
Figure 11—Same test as in Figure 10 with option A line, the equalizer will improve performance 
selected. considerably. 
Figure 12—Frequency translation effect on option B per- 
formance. 





Phase Option A Phase Option B 





FIGURE 8 — Eye Patterns 
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FIGURE 9 — Equipment Setup 
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FIGURE 10 — B Mod 2400 BPS Back-To-Back 511 Test Pattern 
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CONCLUSIONS 


The MC6172/6173 modem system has been shown to be 
very effective over differing line conditions. The general 
design procedure for implementing this system has been 
presented so that easy modification is possible. The ability of 
the MC6172/6173 modem to operate synchronously over the 
dial-up telephone network without complex automatic 
equalization offers the user an attractive choice for medium- 
speed data links. 


APPENDIX I 


4th-Order Chebyshev Low-Pass Filter Design 


This filter was realized by cascading two second-order 
Salen and Key filter sections. The design equations were 
taken from INTRODUCTION TO THE THEORY AND 
DESIGN OF ACTIVE FILTERS by Huelsman and Allen, 
pages 157-158. The general circuit realization for a Salen and 
Key is shown below. 


C2 
+ + 
R4 R3 
V V 
1 C4 2 
Specifications: 
Pass-band ripple=0.01 dB fe = 3600 Hz 


Op-amp gain=K=1 


Pole Locations (normalized): 
a b 


— 0.6762 + j.3828 first stage 
—0.2801 + j.9241 second stage 





Q= Quality Factor= (a2 + b2)”% 
2a 


where a=real pole coordinate 
b= imaginary pole coordinate 


Qi = first stage Q = 0.5746 
Q2= second stage Q= 1.7237 


Let n=R3 and m=C4 
Rl C2 


For this design procedure it is necessary that m< 1. . 
4Q2 
Therefore mj < I = 0.7573 
4(0.5746)2 


Choose m= 0.1 
n= 1 —1+(0 ~4mQ2)” 

2mQ2 2mQ2 
either value obtained is valid 


n= 28.25675 for first stage 


RIC2= 1 = 2.63 x 10-5 
2(pi)(fc)(mn) 7 

Let C2=0.01 pF 

Then R1=2.63 kQ----------- >2.61 kO 


R3=nR1=74.315 kQ---->75 kQ 
C4=mC2=0.001 pF 


The second stage was designed using the same equations and 
resulted in the following values for Q2 = 1.7237 and f, = 
3600: 


C2=0.01 pF 
C4=100 pF 


R1 =7.87 kQ 
R3 = 249 kQ 


2nd-Order Chebyshev High-Pass Filter 


Specifications: 
Pass-band ripple = 0.01 dB 
Op-amp gain=K= 1 


fo = 400 Hz 
The general Salen and Key high-pass realization is shown 
below: 


Ro 


+ 4 Eg 
Cy C3 
V1 R4 V2 








AN870 


Pole Locations (normalized low-pass values) = 


eae 
— 0.6743 + j.7075 


To transform the low-pass poles into high-pass poles, 





aup = a = —0.7059 byp= b_ = 0.740654 
a2 + b2 _ a2+b2 
Q=0.7247 1 m+#+1 from page 165. 
Q = (mn)”% 


For minimum Q, m should equal 1 which reduces the above 
equation to: 


Q=(@)% or n= 4Q2 = 2.101 


2 


RCl= 1 = 2.745 x 10-4 


(pi)(fc)(n) 7 


Letting Cl =C2=0.1 pF, we obtain 


R2=2.745 kQ----- >2.74 kQ 
R4= 5.767 kQ----- >5.76 kQ 
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Application Note 


A FOUR-WIRE FULL DUPLEX 
1200 BAUD MODEM IMPLEMENTATION 
USING THE MC145450 AND THE MC145415 


Prepared By 
Steve Bramblett 
Telecom Applications 
Austin, Texas 





THE APPLICATION 


The 1200 baud four-wire modem is intended for dedicated- 
wire type applications where there is a need for reliable and 
economical data transmission. This very design may be used 
as a basis for a Bell 202T modem where four dedicated wires 
are available from the phone company for long distance 
communications. Another possible use for this design is for 
transmitting data between computers or between a computer 
and a terminal where the distances exceed the ability of nor- 
mal transmission methods. This is a very common problem 
when one computer is required to serve users at a site where 
an RS-232 link can only work locally (such as 200 feet from 
the computer), and some of the users may be as far away as a 
mile or more from the computer. Applications where data is 
transferred, but recovery of pure digital signals is impossible 
due to line conditions, is a possible candidate for the 1200 
baud 4-wire modem link. 


THE SYSTEM 


The application circuit is comprised of six major functions 
which are delineated by the dashed lines in Figure 1. The 
3.6864 MHz oscillator provides the master clock used 
throughout the complete modem circuit.“ The 153.6 kHz 
clock generator derives the 153.6 kHz clock, which is used by 
the filter, from the oscillator output. The filter provides all 
transmit and receive filtering to provide the optimum signal- 
to-noise ratio for the best possible performance. The limiter 
takes the received signal and squares it up into a digital 
signal. This is necessary for the mod/demod as it is a digital 
circuit that provides the actual conversion between tones and 
data. 

The heart of the system is the MC145450 modem chip. 
This chip is capable of modulating and demodulating data at 
rates of up to 1800 bits per second. A detailed description of 
this part, as well as all the other parts, exists in the corre- 
sponding data sheet. Since no real features of the MC145450 
are used in this design, only two inputs and two outputs are 
needed. The transmit input receives digital data to be 
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modulated and the receive output is the digital representation 
of the demodulated data. The transmit carrier output is 
typically 490 mV peak-to-peak, and the filter gain is 18 dB, 
causing the output of the filter to clip, so a voltage divider is 
used to control the level of the modulated signal going to the 
filter. The receive carrier input expects a squared-up or 
digital representation of the receive modulated data. This is 
provided by the limiter. 

The limiter section is based on the LM339A comparator. 
This particular device was selected for its low offset. The off- 
set determines the minimum signal level detected, so a large 
offset will limit the modem’s sensitivity. Two passive filters 
are used to remove low frequency signals such as 60 Hz noise 
and high frequency signals such as the 153.6 kHz clock ripple 
on the filter output. This ripple is characteristic of switched- 
capacitor filters that do not have on-board real-time 
smoothing filters. The extra three devices on the LM339A 
chip can be used in the optional carrier detect circuit shown 
in Figure 2. The limiter components should be located as 
close together as possible to help promote circuit stability. 

The filter section utilizes the MC145415 switched- 
capacitor filter. This is actually a pair of low-pass filters 
based on a Bessel representation. The ‘‘A’’ filter has an in- 
band gain of 18 dB and the ‘‘B”’ filter has a 0 dB gain. In this 
design the ‘‘A’’ filter is used as the transmit filter. This 
would be the best choice when there is no specified maximum 
output level such as in non-telecom short haul modem 
designs. In this case the signal-to-noise ratio is optimized at 
the receiver. If the application had a level limitation of 
—12 dBm or less, the ‘‘B’’ filter should be used as the 
transmit filter so the ‘‘A’’ filter’s gain can be used to extend 
the floor of the dynamic range. The 2.2 kilohm resistor net- 
work is used to provide a mid-supply reference for the analog 
circuitry. If the mid-supply level is not held fairly close to 
Vcc/2, then the headroom for large signals will be impacted 
with the signals clipping at the nearest rail. The filter requires 
a 153.6 kHz clock to guarantee a 2.4 kHz break frequency. 
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The clock generator circuit used to derive the filter clock is 
a very straightforward design. The 3.6864 MHz master clock 
is divided by 12 with U3. The resulting output is halved by 
US to give the 153.6 kHz signal. There is an added bonus in 
this direct divide down in that the filter’s sample rate will be 


synchronous with the modem switching rate causing aliasing 


to be mimimized. 


The master oscillator is a simple CMOS inverter design. 


The oscillator on Ui would suffice; but since there are 
already some spare inverters available, a buffered oscillator 


is created by adding 2 inexpensive capacitors. This is much - 


more capable in terms of drive characteristics. | 

The line interface is set up for a 600 ohm balanced line. By 
exchanging the resistors, the lines can be used at other im- 
pedances, however, if the resistors are less than 300 ohms, 


the filter may have problems driving the line. The interface 


may also be redesigned with a duplexer to provide the basis 
for a two-wire system such as a Bell 202S modem. 


ALTERNATE CLOCK CIRCUITS 


The clock circuit made up of the 3.6864 MHz oscillator 
and the 153.6 kHz clock generator may be reconfigured into 
a number of different designs. Two other possible configura- 
tions are shown in Figure 3. The main criteria in all cases is 
that a 3.6864 MHz square wave is available to drive the 
MC145450 and a 153.6 kHz square wave is available to drive 


the MC145415. Since the 153.6 kHz is 3.6864 MHz divided 
by 24, the basic generator need only be a divide-by-24. The 
3.6864 MHz clock and the 153.6 kHz clock should be syn- 
chronous to help minimize aliasing between the MC145450 
and the MC145415. | 


CARRIER DETECTION 
The optional carrier detect circuit utilizes the three remain- 
ing comparators on the LM339A. The output of the first 


comparator (Pin 2) goes into a decay control network formed 
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by R3 and C2. When carrier is detected, Pin 2 goes low, 
discharging C2. As the waveform passes below its peak, C2 
begins to charge through R3 and therefore controls the decay 
response of the carrier detect. The network at the output of 
the second comparator (Pin 14) controls the attack time and 
consists of R4, R5, C3 and the 1N914 diode. When carrier is 
present, Pin 14 goes low, discharging C3 through RS. 
Therefore, carrier must be present for a certain amount of 
time before it is recognized and causes Pin 13 to switch low. 
The time responses for the attack and decay network are: 
Attack time = R5C3 In(0.5) = 111 ms 
Decay time = R3C2 In(0.5) = 52 ms 

Three dB of hysteresis is accomplished by the resistor net- 
work R7, R8 and R2. The whole carrier detect circuit will 
turn on at a received signal level of — 29 dBm at the filter in- 
put and turn off at —31 dBm. 
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FIGURE 1 — TYPICAL 1200 BAUD 4 WIRE MODEM APPLICATION 
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FIGURE 2 — CARRIER DETECT 
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FIGURE 3 — CLOCK CIRCUITS 
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Adjustable clock 
tunes notch filter 


by Steve Bramblett 
Motorola Inc., Austin, Texas 


Radio transceivers often require notch filters to suppress 
interference from nearby broadcast stations. Unfortunate- 
ly, most notch filters can handle only one frequency. 
This design employs a switched-capacitor notch filter to 
form an audio notch filter whose center frequency is 
externally tuned by varying the circuit’s clock frequency. 
The changing clock frequency alters the filter’s poles and 
zeros, resulting in a tunable notch filter. 


A frequency generated by clock U, is used as the 
switching frequency for the tunable notch filter (a) whose 
notch frequency is f. = f/49.23 hertz, where f; is the 
switching frequency input. In addition, the filter’s low 
and high 3-decibel points can be calculated, respective- 
ly, from equations f, = f./58.2 Hz and f, = f./45.71 Hz. 
Since tunable filter U, is not capable of driving less than 


47 kQ 


@ 2N2222 


12 V 


MC 145433 
NOTCH 


0.0056 uF 


FILTER 





600 ohms directly, 1,000-Q-to-8-Q transformer T, is 
used at the output to increase the load impedance. 

In order to compensate for the transformer loss and 
improve the circuit’s signal-to-noise ratio, the filter uses 
an input amplifier that employs transistor Q, to provide 
a gain of 20 dB. Because U, can generate switching 
frequencies between 5 kilohertz and 128 kHz, the filter 
may be tuned between 100 Hz and 2.6 kHz. This circuit 
is designed to operate on +12 volts de but will function 
with voltages between +10 to +15 V dc. In addition, 
when the circuit is switched off, the input is shunted 
directly to the output. The filter may be used by attach- 
ing the input to the receiver’s headphone output jack 
and connecting the filter’s output to the headphones. 
Interfering heterodyne frequencies may be suppressed 
by adjusting potentiometer R,. . 


RS 273-1380 
110 iff 
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Filtering. Motorola’s switched-capacitor notch filter MC 145433 is switched by adjustable clock U, to provide a tunable audio notch filer (a). This 
notch filter has a frequency response of about 100 Hz to 2.6 kHz (b) and can operate with voltages from +10 to + 15 V de. Transistor Q, im- 
proves the circuit's signal-to-noise ratio, while audio transformer T, drives an 8-ohm load. 


“Reprinted from ELECTRONICS, February 24, 1983. Copyright © 1983, McGraw-Hill Inc. All Rights Reserved.’’ 
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THE MC145432 APPLICATION CIRCUIT 


The purpose of this document is to provide a circuit 
capable of detecting 2600 Hz tone pulses on a telephone line 
as defined by the Bell System specification for type-F single- 
frequency signalling equipment. 

The circuit in Figure 1 is designed to provide a0 dB gain on 
the channel, and the overall circuit is set up for a 600 ohm 


system. The signals presented to the channel are driven — 


through the band-pass filter and out pin 14 of U1 (the 
MC145432). The signals are also driven through the notch 
filter and output to pin 5. Both outputs are AC coupled to 
precision full-wave rectifiers and then averaged by inte- 
grators to produce a voltage level that is proportional to in- 
band energies of each filter. 

A three-step decision process is used in determining if a 
valid 2600 Hz signal is present. The comparator U3A com- 
pares the two levels to determine which band has the most 
energy. If the band-passed signal has the most energy, the 

_ first step has been met. The second decision criteria requires 
the signal level to be at least — 26.5 dBm + 1.5 dB. This is 
measured by the comparator U3D by selecting R23 and R24 
so that the voltage drop across R24 equals the peak voltage 
level presented at the input by a — 26.5 dBm signal multiplied 
by the gain of the averaging circuit, which is 0.64. The circuit 
is presently set up for 600 ohms, so a — 26.5 dBm signal is 
0.0518 volts peak and the. desired voltage drop must be 
0.0518 x 0.64, which is 0.0332 volts. If gain is added at the 


channel input or the circuit is used in a 900 ohm system, R23 


and R24 must be modified to provide the proper comparison 
level. The final requirement is the signal must be present for 
38 milliseconds. This requirement is measured against the 


averager’s speed and the two time constants, R17-C10 and" 


R20-Cl11. 

Bell requires that a notch filter be inserted into the channel 
if the 2600 Hz tone is present in excess of 13 milliseconds with 
a 6 millisecond margin. This requirement is met by the 
R17-C10 time constant. It takes about 7.5 milliseconds for 
C10. to charge past the 2.1 volt threshold presented by 
D6-D8. Since the averager takes between 0.5 and 11.5 milli- 


seconds (dependent on input tone level) to provide levels . 
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usable to make the decision, the overall delay is within 5 
milliseconds of 13 milliseconds, which is within specification. 
When the threshold is met, the comparator U3B goes high 
and drives U1 pin 12 high, which inserts the notch filter into 
the channel. Should the signal be lost at anytime during the 
charge cycle, C10 is discharged through R25, which repre- 
sents a maximum discharge time of 0.5 milliseconds. . 

The output signal of U3B represents a delay of about 13 
milliseconds and 38 milliseconds are required to meet the Bell 
standard, so the R20-C11 time-constant provides another 25 
millisecond delay. The comparator U3C will go high if the 
2600 Hz signal is present in excess of 38 milliseconds, thus the 
final decision criteria is met at this point. 

There are several other factors that must be taken into ac- 
count. The circuit must be able to respond to a signal in the 
+8.5 dBm to —26.6 dBm range +1.5 dB variation in the 
presence of no more than 65 dBrnC noise. The circuit will 
detect a —25 dBm signal under these conditions, which is 
within the 1.5 dB spec. Another requirement is the ability to 
detect a tone that is as much as 15 Hz off frequency; 
however, this poses no real problem. There is one more fac- 
tor known as talk-off. Although the Bell specifications does 
not directly address this problem, it can be difficult to deal 
with. Talk-off basically is caused by speech energy on an ac- 
tive phone line exceeding the tone energy and thus 
prematurely terminating the signal. There presently is 
enough protection to avert talk-off when voice signals reach 
10.dB higher than the tone levels, but this can be augmented . 
by varying R25. Increasing the discharge time means the ex- 
cess energy in the notch band must remain for a longer 
period of time and this gives a better margin. However, if too 
long of a delay is introduced, another phonemena, know as 
talk-on, becomes a problem. This is when the circuit is 
energized by the voice energy caused by C10 not bleeding off 
fast enough. This is a qualitative trade-off left to the 
designer’s judgement. Bell also specifies the detect signal’s 
pulse length based on the length of the input burst but this is 
beyond the purpose of the circuit and can be easily im- 
plemented with some simple logic. 
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FIGURE 1 — 2600 Hz Guard and Channel Circuit 
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FIGURE 2 — MC145432 Block Diagram 
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Digitally control filter gain, cutoff 


Earle West and Henry Wurzburg 
Motorola Inc, Austin, TX 


In addition to its intended application as a PCM 
channel filter, you can use the MC14414-2 dual 
switched-capacitor filter as a digitally controlled, 
10th-order elliptic low-pass filter. Connected as 
shown in the figure, this device exhibits a passband 
ripple less than 0.6 dB p-p, a pass/stopband transi- 
tion ratio of 1.5:1 and a stopband rejection level of 
more than 60 dB. 


You set the filter’s gain between 0 and 18 dB via 
switches S) through 83. This action controls a 
divide-by-N counter’s output frequency and there- 


fore the switched-capacitor filter’s sampling rate by 
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changing the ratio between the filter’s CCI and MSI 
inputs. (Note that the MC14522 is a BCD-controlled 
counter; if your application requires straight-binary 
control, use the MC14526B.) 

The filter’s break (cutoff) frequency is also a 
function of the input clock’s frequency. Set this 
characteristic by calculating 

fpreak=fccy/41.8. 

Thus, for the spec’d 1- to 200-kHz fcc; span, you 
can achieve a break-frequency range of 21 Hz to 
4,842 kHz. But keep in mind that because this is a 
switching filter, you must band-limit the input’s 
spectrum to 0.97fcc:1 to preclude signal aliasing. EDN 
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A switched-capacitor filter provides a gain- and frequency-adjustable 10th-order elliptic low-pass characteristic when its sampling 
and clock rates are varied. Switches So through S3 set the gain—via a counter—by controlling the sampling rate. The filter's cutoff 


frequency is related to the clock’s frequency. 





“Reprinted from EDN, March 3, 1982, Copyright 1982; Cahners Publishing Company” 
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One IC conditions signals 


Steve Kelley and Henry Wurzburg 
Motorola Inc, Austin, TX 


When making signal-to-noise-ratio, harmonic- 
distortion and idle-channel-noise measurements on a 
telephone voice channel, you can use a filter to weigh 
the noise spectrum before measuring its value. In 
US systems, such an arrangement is commonly 
termed a C Message filter. 
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You can closely approximate this filter’s character- 
istics by employing the circuit shown in the figure. 
The MC14414—a switched-capacitor filter IC— 
provides the 5-pole elliptic low-pass function that 
meets a C Message filter’s sharp high-frequency- 
rolloff requirements. One of the IC’s two uncommit- 


- ted op amps serves as a Sallen Key active filter, the 


other as the output filter’s (R3C3) buffer. 


The filter’s output can directly drive a 1-kO. load. 
Output noise equals 11 dBrn.. EDN 
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Telephony signal conditioning is a snap with this switched-capacitor filter IC (a). Meeting C Message standards, the circuit allows 
you to measure a voice channel's signal-to-noise ratio, harmonic distortion and idle-channel noise. A 5-pole elliptic characteristic (b) 


rolls off sharply above 4 kHz. 





‘Reprinted from EDN, April 29, 1981, Copyright 1981; Cahners Publishing Company’”’ 
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‘IC trio simplifies 
speech synthesis 


Earle West, Product Engineer 

Telecomm Product Engineering 
Motorola Inc. 

MOS Integrated Circuits Group 
3501 Ed Bluestein Bivd. 

Austin, Texas 78721 


Despite the emergence of special-purpose speech 
chips, the details of adding voice output to a system 
are still foreign to most designers. However, they 
should be happy to learn that highly intelligible 
speech is possible using a low-cost microprocessor 
and three readily available integrated circuits. 

The speech peripheral, which contains an MC3417 
continuously variable-slope delta modulator-demod- 
ulator, an MC145414 tunable, dual switched- 
capacitor, low-pass filter, and an MC14040 counter, 
encodes analog signals into a serial bit stream at a 
rate of 15,625 bits/s (Fig. 1). The bit stream is then 
stored in CPU memory. On demand, the peripheral 
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will reproduce an analog signal well enough to be 
understood easily by an untrained listener. 

Such a speech peripheral will enhance the I/O 
capability of industrial systems, consumer service 
systems, and games tremendously. Although more 
CPU memory is required than for linear predictive 
coding, stored words are easily changed than with 
LPC. Furthermore, no special memories or com- 
plicated calculations are required and no special- 
purpose synthesizer chips are needed. The encoded 
speech signals are simply recorded into and played 
out of CPU memory as any other data. Even the 
software is simple: words can be packed into ROM 
or a disk and need only be selected by the 
microprocessor software for output. 

Since the three-IC circuit is designed for speech 
applications, the bandwidth ranges from 500 Hz to 
3.7 kHz (Fig. 2). However, different filter time 
constants, data rates, and integrator designs can 
change the frequency range and with it the circuit’s 
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1. Atthe heart of athree-chip speech peripheral is an MC3417 continuously variable-slope delta modulator- 
demodulator, which converts an audio waveform into a serial bit stream. The second and newest of the 
three is an MC145414 dual switched-capacitor low-pass filter with on-board operational amplifiers. An MC14040 


12-bit binary counter completes the trio. 
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Input signal: 100 mV rms 


2kHz 3kHz 4kHz 


Frequency 


500 Hz 1 kHz 


2. The switched-capacitor low-pass filter limits both input and 


output frequencies to about 3.7 kHz, as reflected by the 
system frequency response curve. Input frequencies are 


limited to prevent aliasing; filtering the output smooths it out. 


Bandwidth for the circuit ranges from 500 Hz to 3.7 kHz. 
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application. The tradeoffs made for this circuit make 
it suitable for many industrial applications as well. 


About the key chip 


Of the three ICs, the key one is the CVSD 
modulator-demodulator. On board, a current-con- 
trolled integrator generates a ramped voltage to 
linearly approximate the encoded analog waveform 
in piecewise fashion. Whenever the ramped voltage 
becomes greater than the input voltage, an on-board 
comparator switches the direction of the ramp. 
Digitally, an increasing slope is represented by a 1; 
a decreasing slope, by a 0. This process is called delta 
modulation because the slopes change, or delta, is 
detected. However, the MC3417 does more than 
simple delta modulation; it performs what is called 
continuously variable-slope delta modulation (and 
demodulation). Thus the slope of the ramp voltage 
—that is, the gain of the chip’s integrator—is in- 
finitely variable. This way, in tracking the analog 
input voltage, the output slope can change more 
quickly when changes in the analog input demand 
it. As a result, tracking is more accurate than with 
any constant-slope delta modulation scheme. 
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3. Acontinuously variable slope gives the MC3417 the accuracy to reproduce analog signals. When necessary, 
the syllabic filter changes the rate of integration and with it the slope. The three basic chips, a simple audio 
amplifier, and a microprocessor interface complete the speech peripheral circuit. 
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The MC145414 contains two filters and two opera- 
tional amplifiers. One filter provides anti-aliasing by 
cutting off input frequencies above 3.7 kHz. It has 
a gain of 18 dB. The other filter smooths output noise, 
but has no inherent gain. One of the chip’s on-board 
operational amplifiers augments the signal from a 
microphone to about 1 V rms to drive the MC3417’s 
comparator input. At the output, a second op amp 
and several discrete components drive an 8-2 
speaker. 

The MC145414 uses switched-capacitor filters, 
which need no precise external components for 
accurate, low-pass analog filtering. Both filters are 
five-pole, elliptic, low-pass types whose cutoff fre- 
quency depends on the sampling clock frequency. 

For producing speech, the break frequency (3.7 
kHz) requires a 125-kHz clock. The clock is generated 
by the third IC, a CMOS MC14040 divider, and 
a 1-MHz master clock derived from the CPU. The 
three ICs interface with a CPU system, in this case, 
through an MC6821 peripheral interface adapter 
(PIA). 

Figure 3 details the entire speech circuit and its 
two functions: encoding the analog signal into a serial 
bit stream for the CPU to record and decoding the 
bit stream into a reconstructed analog waveform. 
Switch S, determines which function to perform by 
supplying a corresponding level to both the CPU and 
the CVSD chip. | 

When switched to encode, analog signals from the 
microphone are amplified and filtered by one of the 
op amps and a low-pass filter on board the MC145414. 
The filtered audio is then fed to the MC3417, where 
the analog-to-digital conversion produces the serial 
bit stream. Each high bit means the integrator slope 
is positive, and each low signals a negative slope. 
Later, the stored bits are used to control the inte- 
grator, whose output approximates the audio signal. 
In this way, the integrator uses straight lines to 
reconstruct the original analog waveform. 

Thus, when the circuit is set to decode—that is, 
to output speech—the sequence of bits that 
translates the serial bit stream into a linear approx- 
imation of the original audio is fed to the MC3417, 
which sends it to the second low-pass filter and op 
amp on board the MC145414 to smooth out the 
sequence of linear approximations and provide 
enough gain to drive a loud-speaker. As a result, with 
the CPU selecting the sequence of bits (representing 
words) previously stored in memory, spoken sen- 
tences are put out through the peripheral. 

Since the speech quality is dramatically affected 
by the sampling rate, the feedback loop gain, the 
signal level, and the filtering, there is room to tweak 
and adjust the sound to suit an application. The 
circuit represents several tradeoffs to produce highly 


intelligible speech using a reasonable amount of CPU 
memory for speech storage, yet requires reasonably 
few readily available parts. | 

For example, the transfer function in this applica- 
tion has two poles—one at 160 Hz and one at 280 
Hz—and a zero at 4.0 kHz. The pole at 160 Hz 
provides the long time constant necessary for follow- 
ing relatively linear portions of the original analog 
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4. The speech peripheral and the controlling microprocessor 
communicate through a peripheral interface adapter. In 
addition, clocking and serializing are software tasks, but 
since the transfer of data between the program and the 
peripheral is asynchronous, changing the software does not 
create a timing problem. 
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waveform; the pole at 280 Hz prevents instantaneous 
reversals of the integrator’s output voltage. The 
latter action avoids a sawtoothlike peak at extreme 
values of the audio sine wave, which enables the 
output to follow rapid changes in the audio waveform 
more closely. | 

Finally, the zero at 4.0 kHz improves the phase 
margin of the MC3417’s feedback loop. In a simple 
delta modulation-demodulation system, the slope of 
the output signal used to approximate the input is 
constant. Acceptable speech quality, however, calls 

for a continuously variable slope—one that increases 

i a ; or decreases with the input. The MC3417 performs 
ca) as , continuously variable slope modulation and de- 
| modulation so that the slope of the approximating 
line segments depends on the last three bits clocked 
into the decoder. | 

To do that, the MC3417’s internal 3-bit shift regis- 
ter monitors the serial bit stream of the comparator. 
If the comparator detects a series of three or more 
ls or three or more Os in a row, its coincidence pin 
will go active and the slope of the integrator’s output 
line segments will be made slightly steeper. If three 
or more consecutive Is or Os are detected, a capacitor 
off the chip will charge up, and the control current 
of the integrator will be increased continuously. 

When the stream of all 1s or all 0s ends, the 
capacitor is discharged by an external resistor (R17), 
which, with capacitor Cs, forms a so-called syllabic 
filter. (Incidentally, the values of R and C are not 
critical and in this application, the time constant 
provided by the pair is 50 ms.) 
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7 Simple software 


As Fig. 4 indicates, the software to record and play 
speech using this peripheral is simple. The assembly 
listing for an MC6800 system is given in Fig. 5. In 
this case, a switch on the CPU board selects the 
encoding or decoding by setting a high or low level, 
respectively, at pin 14 of the PIA and pin 15 of the 
CVSD chip. The encoding routine reads bits serially 
from the peripheral, performs serial-to-parallel con- 
version, and saves the encoded data in memory. The 
program operates asynchronously with the 
peripheral, allowing different clock rates without 
changing the software. The CPU simply waits for 





5. Conspicuous by its small size, the program for running the a data clock edge, then reads the data. The decoding 
poser pellpeeral circuit periorms pothenceding and routine works in the same way. The CPU waits for 
decoding functions in 84 lines, including comments. The “aie 

routine “reads” the encoding-decoding switch position and a data clock edge, then sends a bit from memory to 
branches to the corresponding routine. the peripheral, which converts it into speech.O 


“Reprinted with permission from Electronic Design, Vol. 30, No. ite copyright Hayden Publishing Co., Inc., 1982."’ 
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Turn I/O data port into speech port 


Earle West and Al Mouton 
Motorola Inc, Austin, TX 


This low-cost, low-power wP peripheral circuit 
(figure) converts an 8-bit I/O data port into a 
high-quality speech port, using continuously varia- 
ble slope-delta (CVSD) modulation to encode and 
decode waveforms per »P direction. The »P can play 
back any segment of recorded speech; 1 sec of 
intelligible speech requires ~1.5k bytes of memory. 
You can trade off between voice quality and memory- 
storage requirements by adjusting the data-clock 
rate for the CVSD chip. 

To encode speech, an MC145414 CMOS dual 
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switched-capacitor filter/dual op amp (U,) buffers 
the signal and band-limits the input to ~2.9 kHz. Us, 
an MC3417 linear CVSD modulator/demodulator, 
encodes the CVSD word and creates a bit stream at 
~12k bps. This serial bit stream loads into U., where 
the »P reads it in parallel. 

For decoding and outputting speech, the »pP loads 
the MC14014 8-bit shift register (U,) with parallel 
data. U, shifts the data to U; for CVSD decoding. U; 
performs low-pass filtering and buffers the resultant 
voice waveform. 


CMOS ICs U,, U2 and U3 clock the filter and CVSD 
chips, and U; drives a loudspeaker. Four control 
lines connect with the wP to control data direction 
and synchronize data clocking. EDN 
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This 8-bit speech circuit encodes and decodes analog waveforms. Adjust the data-clock rate to trade off between voice quality 


and memory overhead. 





“Reprinted from EDN, May 26, 1982, Copyright 1982; Cahners Publishing Company” 
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Glossary of Terms and Abbreviations 


The list reproduced here refers to terms found in this and other Motorola publications con- 
cerned with Motorola Semiconductor products for Telecommunications. 


A law — An European companding/encoding 
law commonly used in PCM systems. 


A/B signaling — A special case of 8th-bit 
(LSB) signaling in a p-law system that allows 
four logic states to be multiplexed with voice 
on PCM channels. 


A/D (analog-to-digital) converter (ADC) — A 
converter that uniquely represents all analog 
input values within a specified total input 
range by a limited number of digital output 
codes, each of them exclusively representing a 
fractional part of the total analog input range. 


Aliasing noise — A distortion component that 
is created when frequencies present in a 


sampled signal are greater than one-half the. 


sample rate. 


Answer back — A signal sent by receiving 
data- processing device in response to a re- 
quest from a transmitting device, indicating 
that the receiver is ready to accept or has re- 
ceived data. 


Anti-aliasing filter — A filter (normally low 
pass) that band limits an input signal before 
sampling to prevent aliasing noise. 


Asynchronous — A mode of data transmission 
in which the time occurrence of the bits within 
each character or block of characters relates to 
a fixed time frame, but the start of each 
character or block of characters is not related 
to this fixed time frame. 


Attenuation — A decrease in magnitude ofa 
communication signal. 


Bandwidth — The information-carrying fre- 
quencies between the limiting frequencies of a 
communication line or channel. 


Baseband — The frequency band occupied by 
information-bearing signals before combining 
with a carrier in the modulation process. 
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Baud — A unit of signaling speed equal to the 
number of discrete signal conditions or events 
per second. This refers to the physical sym- 
bols/second used within a transmission chan- 
nel. 


Bit rate — The speed at which data bits are 
transmitted over a communication path, usual- 
ly expressed in bits per second. A 9600 bps 
terminal is a 2400 baud system with 4 
bits/baud. 


Blocking — A condition in a switching system 
in which no paths or circuits are available to 
establish a connection to the called party even 
though it is not busy, resulting in a busy tone 
to the calling party. 


BORS(C)HT — Battery, Overvoltage, Ringing, 
Supervision, (Codec), Hybrid, Test; the func- 
tions performed by a subscriber line card in a 
telephone exchange. 


Broadband — A transmission facility whose 
bandwidth is greater than that available on 
voice-grade facilities. (Also called wide band.) 


C message — A frequency weighting that © 
evaluates the effects of noise based on its an- 
noyance to the ‘‘typical’’ subscriber of stan- 
dard telephone service or the effects of noise 
(background and impulse) on voice-grade data 
service. 


Carrier — An analog signal of fixed amplitude 
and frequency that combines with an informa- 
tion-bearing signal by modulation to produce 
an output signal suitable for transmission. 


CCITT — Consultative Committee for Interna- 
tional Telephone and Telegraph; an interna- 
tional standards group of the European Inter- 
national Telecommunications Union. 


Central Office (CO) — A main telephone of- 
fice, usually within a few miles of a subscriber, 
that houses switching gear; commonly 
capable of handling about 10,000 subscribers. 


Channel bank — Communication equipment 
commonly used for multiplexing voice-grade 
channels into a digital transmission § signal 
(typically 24 channels in the U.S. and 30 chan- 
nels in Europe). 


Circuit, two-wire — A circuit with two con- 
ductors providing a ‘‘go”’ and “‘return’’ chan- 
nels. 


Circuit, four-wire — A circuit with two pairs of 
conductors, one pair for the ““go’’ channel and 
one pair for the “‘return’’ channel. 


CODEC — COder-DECoder; the A/D and D/A 
function on a subscriber line card in a 
telephone exchange. 


COFIDEC — COder-Fllter-DECoder; the com- 
bination of a codec, the associated filtering, 
and voltage references required to code and 
decode voice in a subscriber line card. 


Common mode rejection — The ability of a 
device having a balanced input to reject a 
voltage applied simultaneously to both differ- 
ential-input terminals. 


Companding — The process in which dynamic 
range compression of a signal is followed by 
expansion in accordance with a given transfer 
characteristic (companding law) which is 
usually logarithmic. 


Compandor — A combination of a compressor 
at one point in a communication path for 
reducing the amplitude range of signals, 
followed by an expander at another point for 
restoring the original amplitude range, usually 
to improve the signal-to-noise ratio. 


Conference call — A call between three or 
more stations, in which each station can carry 
On a conversation simultaneously. 


Crosspoint — The operating contacts or other 
low-impedance-path connection over which 
conversations can be routed. 


Crosstalk — The undesired transfer of energy 
from one signal path to another. 
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CTS — Clear to send; a control signal between 
a modem and a controller used to initiate data 
transmission over a Communication line. 


CVSD — Continuous Variable Slope Delta 
(modulation); a simple technique for convert- 
ing an analog signal (like voice) into a serial bit 
stream. 


D3 — D3 channel bank; a specific generation 
of AT&T 24channel PCM terminal that 
multiplexes 24 voice channels into a 1.544 MHz 
digital bit stream. The specifications associ- 
ated with D3 channel banks are the basis for all 
PCM device specifications. 


D/A (digital-to-analog) converter (DAC) — A 
converter that represents a limited number of 
different digital input codes by a correspond- 
ing number of discrete analog output values. 


Data compression — A technique that pro- 
vides for the transmission of fewer data bits 
than originally required without information 
loss. The receiving location expands the 
received data bits into the original bit se- 


quence. 


dB (decibel) — A power or voltage-level 
measurement unit. 


dBm — The decibel signal level level referred 
to one milliwatt, i.e., O dBm=1 mW. 


dBmO — Signal power measured at a point in 

a standard test tone level at the same point. 
_ie., d(BmO=dBm-—dBr 

where dBr is the relative transmission level, or 

level relative to the point in the system defined 

as the zero transmission level point. 


dBmOp — Relative power expressed in dBmp. 
(See dBmO and dBmp.) : 


dBmp — Indicates dBm measurement made 
with a psophometric weighting filter. 


dBrn — Relative signal level expressed 
in decibels above reference noise, 
where reference noise is 1 pW. Hence, 
O dBrn=1 pW= —90 dBm. 








dBrnC — Indicates dBrn measurement made 
with a C-message weighting filter. (These 
units are most commonly used in the U.S., 
where psophometric weighting is rarely used.) 


dBrncO0 — Noise measured in dBrnc refer- 
enced to zero transmission level. 


Decoding — A process in which one of a set of 
reconstructed analog samples is generated 
from the digital character signal representing § a 
sample. : 


Delay distortion — Distortion that occurs on 
communication lines due to. the: different 
propagation speeds of signals at different fre- 
quencies, measured in microseconds of delay 
relative to the delay at 1700 Hz. (This type of 
distortion does not affect voice communica- 
tion, but can seriously impair data transmis- 
sion.) 


Delta modulation — A simple digital coding 
technique that produces a serial bit stream cor- 
responding to changes in analog input levels; 
usually utilized in devices employing con- 
tinuously variable-slope delta (CVSD) modula- 
tion. 


Demodulator — A functional section of a 
modem that converts received analog line 
signals to digital form. 


Digital telephone — A telephone terminal that 
digitizes a voice signal for transmission and 
decodes a received digital signal back to a 
voice signal. (It will usually multiplex 64 kbps 
voice and separate data inputs at multiples of 8 
kbps.) : 


Distortion — The failure to reproduce an 
original signal’s amplitude, phase, delay, etc. 
characteristics accurately. 


DPSK — Differential Phase Shift Keying; a 
modulation technique for transmission where 
the frequency remains constant but phase 
changes will occur from 90°, 180° and 230° to 
define me digital information. 


DTMF — Dual Tone Multi Frequency (dialing). 


Duplex — A mode of operation permitting the 
simultaneous two-way independent transmis- 
sion of telegraph or data signals. 


Echo — A signal that has been reflected or 
returned as a result of impedance mismatches, 
hybrid unbalance, or time delay. Depending 
upon the location of impedance irregularities 


~ and the propagation characteristics of a facil- 


ity, echo may interfere with the speaker/lis- 
tener or both. 


Echo suppressor — A device used to minimize 
the effect of echo by blocking the echo return 
currents; typically a voice-operated gate that 
allows Communication one way at a time. 


Encoder (PCM) — A device that performs 
repeated sampling, compression, and A/D 
conversion to change an analog signal to a 
serial stream of PCM samples representing the 
analog signal. 


Equalizer — An electrical network in which 


phase delay or gain varies with frequency to 
compensate for an undesired amplitude or 
phase characteristic in a frequency- ecpencem 

transmission line. | 


FDM — Frequency-Division Multiplex; a pro- 
cess that permits the transmission of. two or 
more signals over a common path by using a 
different frequency. band for each signal. 


Frame — A set of consecutive digit time slots 
in which. the position of each digit slot can be 
identified by reference to a. frame alignment. 
The frame alignment signal does not necessar- 
ily occur, in whole or in part, in each frame. 


Full duplex — A mode of operation permitting 
simultaneous transmission of information be- 


tween two locations in both directions. 


Gain — The increase in signal amplitude real- 
ized when a Signal passes through an amplifier 
or repeater (normally measured in decibels). 


Gain tracking error — The variation of gain 
from a constant level (determined at O dBm in- 
put level) when measuring the dependence of 
gain on signal level by comparing the output 
signal to the input signal over a range of input 
signals. 


HDLC — High-Level Data Link Control; a 
CCITT standard data communication line pro- 
tocol. 


Half duplex — A mode of operation permitting 
transmission of information between two loca- 
tions In only one direction at a time. 


Handset — A rigid assembly providing both 
telephone transmitter and receiver in a form 
convenient for holding simultaneously to 
mouth and ear. 


Hookswitch — The switch on a telephone set 
that is operated by the removal or replacement 
of the receiver on the hook (defined as off- 
hook and on-hook conditions, and _ corre- 
sponding to busy and idle circuits). 


Idle channel noise (ICN) — The total signal 
energy measured at the output of a device or 
channel under test when the input of the 
device or channel is grounded (often a wide- 
band noise measurement using a C-message 
weighting filter to band-limit the output noise). 


Intermodulation — The modulation of the 
components of a complex wave by each other 
(in a nonlinear system). 


Intermodulation distortion — An analog line 
impairment when two frequencies interact to 
create an erroneous frequency, in turn distort- 
ing the data signal repreentation. 


ISDN — Integrated Services Digital Network; 
A future communication network intended to 
Carry digitized voice and data multiplexed onto 
the public network. 


Jitter — A type of analog communication line 
distortion caused by abrupt, spurious signal 
variation from a reference timing position, and 
capable of causing data transmission errors, 
particularly at high speeds. (The variation can 
be in amplitude, time, frequency or phase.) 
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Key system — A miniature PABX that accepts 
4 to 10 lines and can direct them to as many as 
30 telsets. 


p-law — A companding law accepted as the 
North American standard for PCM based 
systems. 


LAN — Local Area Network; a data-only com- 
munication network between data terminals 
using a Standard interface to the network. 


Line — The portion of a circuit external to an 
apparatus that consists of the conductors con- 
necting the apparatus to the exchange or con- 
necting two exchanges. 


Longitudinal balance — The common-mode 
rejection of-a telephone circuit. 


Loopback — Directing signals back toward the 
source at some point along a communication 
path. 


MCU — MicroComputer Unit (also MicroCon- 
troller Unit). a 


MPU — MicroProcessor Unit. 


Mu law — A companding/encoding law com- 
monly used in U.S. (same as p-law). 


MUX — Multiplex or multiplexer. 


Modem — MOdulator-DEModulator; a unit 
that modulates and demodulates digital infor- 
mation from a terminal or computer port to an 
analog carrier signal for passage over an 
analog line. 


Multiplex — To simultaneously transmit two or 
more messages on a single channel. 


Off hook — The circuit condition resulting 
when the handset is lifted from the hook 
switch of the telephone set; i.e., a low dc im- 
pedance is placed across the line causing loop 
current flow that is recognized by a relay at the 
central office as a request for service. 


On hook — The circuit condition resulting 
when the handset of a telephone is replaced 
on its cradle (approximately an open circuit). 








PABX — Private Automatic Branch Exchange; | 


a customer-owned, switchable telephone 
system providing internal and/or external 
Station-to-station dialing. 


Pair — The two associated conductors that 
form part of a communication channel. 


Pass-band filter — A filter used in communica- 
tions systems that allows only the frequencies 
within a communication channel to pass, and 
rejects all frequencies outside the channel. 


PBX — Private Branch Exchange; a class of 
service in standard Bell System terminology 
that typically provides the same service as 
PABX. 


PCM — Pulse Code Modulation;.a method of 
transmitting data in which signals are sampled 
and converted to digital words that are then 
transmitted. serially, typically as 8-bit words. 


Phase jitter — Abrupt, spurious variations in 
an analog line, generally caused by power and 
communication equipment along the line that 
_ shifts the signal phase relationship back and 
forth. 


Propagation delay — The time interval be- 
tween specified reference points on the input 
and output voltage waveforms. 


Psophometric weighting — A _ frequency 
weighting similar to C-Message weighting that 
is-used as the standard for European telephone 
system testing. 


Pulse dialer — A device that generates pulse 
trains corresponding to digits or characters 
used in impulse or loop-disconnect dialing. 


Quantizing noise — Signal-correlated noise 
generally associated with the quantizing error 
introduced by A/D and D/A conversions in 
digital transmission systems. | 


RTS — Request to send; an RS-232 control 
signal between a modem and user's digital 
equipment that initiates the data transmission 
sequence on a communication line. 
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Repeater — An amplifier and associated 
equipment used in a telephone circuit to pro- 
cess a signal and retransmit it. 


Repertory dialer — A dialer that stores a reper- 
tory of telephone numbers and dials any one of 
them automatically on request. 


Sampling rate — The frequency at which the 
amplitude of an analog signal is gated into a 
coder circuit. The Nyquist sampling theorem 
states that if a band-limited signal is sampled 
at regular intervals and at a rate equal to or 
greater than twice the highest frequency of in- 
terest, the sample contains all the information 
of the original signal. The frequency band 
of interest in telephony ranges from 300 to 
3400 Hz, so a sampling rate of 8 kHz provides 
dc to 4000 Hz reproduction. 


SCU — Subscriber Channel Unit; the circuitry 
at a telephone exchange associated with an in- 
dividual subscriber line or channel. 


Signaling — The transmission of control or 
status information between switching systems 
in the form of dedicated bits or channels of in- 


‘formation inserted on trunks with voice data. 


Signal-to-distortion ratio (S/D) — The ratio of 
the input signal level to the level of all com- 
ponents that are present when the input signal 
(usually a 1.020 kHz sinusoid) is eliminated 
from the output signal (e.g., by filtering). 


SLIC — Subscriber Line Interface Circuit; a 
device that performs the 2-4 wire conversion, 
battery feed and other line interface functions 
on a subscriber telephone line. 


Speech network — An electric circuit that 
connects a transmitter and a receiver to a 
telephone line or telephone test loop and to 
each other. : 


Subscriber line — The permanent connection 
between a station and the switching center 
that serves it. 


Switchhook — A synonym for hookswitch. 


Syn (Sync) — (1) A bit of character used to 


synchronize a time frame in a time-division - 


multiplexer. (2) A sequence used by a syn- 
chronous modem to perform bit synchroniza- 
tion or by a line controller for character syn- 
chronization. 


Synchronous modem — A modem that uses a 
derived clocking signa! to perform bit syn- 
chronization with incoming data. 


T1 carrier — A PCM system operating at 1.544 
MHz and carrying 24 individual voice- 
frequency channels. 


Tandem trunk — See trunk. 


Telephone exchange — A switching center for 
interconnecting the lines that service a specific 
area. 


TELETEX — A text communication service 
between entirely electronic work stations that 
will gradually replace TELEX with the introduc- 
tion of the digital network. (Not to be con- 
fused with teletext.) 


TELETEXT — The name usually used for 
broadcast text (and graphics) for domestic 
television reception. (Not to be confused with 
teletex.) 


Time-division multiplex — A process that per- 
mits the transmission of two or more signals 
over a common paty by using a different time 
interval for each signal. 
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Tip (T) and ring (R) — Terms used to identify 
the two conductors of a circuit. (These terms 
Originate from switchboard terminology for 
cord circuits, in which a four-wire circuit is 
designated T1, T2, and R1 and R2.) 


Trunk — A telephone circuit or channel be- 
tween two central offices or switching entities. 


TSAC — Time Slot Assigner Circuit; a circuit 
that determines when a CODEC will put its 8 
bits of data on a PCM bit stream. 


TSIC — Time Slot Interchange Circuit; a 
device that switches digital highways in PCM 
based switching systems; a “‘digital’’ cross- 
point switch. 


Twist — The amplitude ratio of a pair of DIMF 
tones. (Because of transmission and equip- 
ment variations, a pair of tones that originated 
equal in amplitude may arrive with a con- 
siderable difference in amplitude.) 


UDLT — Universal Digital Loop Transceiver; a 
Motorola originated name for a voice/data 
transceiver circuit. 


Voice frequency — A frequency within that 
part of the audio range that is used for the 
transmission of speech of commercial quality, 
i.e. 300-3400 Hz. 


Weighting network — A network whose loss 
varies with frequency in a _ predetermined 
manner. 
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(AA) MOTOROLA 


HANDLING AND DESIGN GUIDELINES 


HANDLING PRECAUTIONS 


All MOS devices have an insulated gate that is subject to 
voltage breakdown. The gate oxide for Motorola's devices is 
about 800 A thick and breaks down at a gate-source poten- 
tial of about 100 V. The high-impedance gates on the devices 
are protected by resistor-diode networks. However, these 
on-chip networks do not make the IC immune to elec- 
trostatic damage (ESD). Laboratory tests show that devices 
may fail after one very high voltage discharge. They may also 
fail due to the cumulative effect of several discharges of 


lower potential. 


Static-damaged devices behave in various ways, depend- 
ing on the severity of the damage. The most severely 
damaged are the easiest to detect because the input or out- 
put has been completely destroyed and is either shorted to 
Vpp,. shorted to Vss, or open-circuited. The effect is that 
the device is no longer functional. Less severe cases are 
more difficult to detect because they appear as intermittent 
failures or degraded performance. Another effect of static 


damage is, often, increased leakage currents. 


CMOS and NMOS devices are not immune to large static 
voltage discharges that can be generated while handling. For 
example, static voltages generated by a person walking 
across a waxed floor have been measured in the 4-15 kV 
range (depending on humidity, surface conditions, etc.). 


Therefore, the following precautions should be observed. 


1. Do not exceed the Maximum Ratings specified by the 
data sheet. 

2. All unused device inputs should be connected to Vpp 
or VSs. 

3. All low-impedance equipment (pulse generators, etc.) 
should be connected to CMOS or NMOS inputs only 
after the device is powered up. Similarly, this type of 
equipment should be disconnected before power is 
turned off. 

4. Acircuit board containing CMOS or NMOS devices is 
merely an extension of the device and the same 
handling precautions apply. Contacting edge connec- 
tors wired directly to devices can cause damage. 
Plastic wrapping should be avoided. When external 
connections to a PC board address pins of CMOS or 
NMOS integrated circuits, a resistor should be used in 
series with the inputs or outputs. The limiting factor 
for the series resistor is the added delay caused by the 
time constant formed by the series resistor and input 
capacitance. This resistor will help limit accidental 
damage if the PC board is removed and brought into 
contact with static generating materials. For con- 
venience, equations for added propagation delay and 
rise time effects due to series resistance size are given 
in Figure 1. 

5. All CMOS or NMOS devices should be stored or 


FIGURE 1 — NETWORKS FOR MINIMIZING ESD AND REDUCING CMOS LATCH UP SUSCEPTIBILITY 
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| Advantage:. Requires minimal board area 


Disadvantage: R1>R2 for the same level of 
protection, therefore rise and fall 
times, propagation delays, and output 
drives are severely affected. 


To Off-Board 
Connection 





Advantage: R2<R1forthesame =>Vss 
level of protection. 
Impact on ac and dc 
characteristics is minimized. 


Disadvantage: More board area, higher initial cost 


Note: These networks are useful for protecting the following: 
A. digital inputs and outputs 
B. analog inputs and outputs 


C. 3-state outputs 


D. bidirectional (I/O) ports 


EQUATION 1 — PROPAGATION DELAY 
vs. SERIES RESISTANCE 


t 
Cek 


where: 

R =the maximum allowable series resistance in ohms 

t= the maximum tolerable propagation delay in seconds 

C=the board capacitance plus the driven device’s 
input Capacitance in farads 

k=0.33 for the MC145040/ 1 

k=0.7 for other devices 


EQUATION 2 — RISE TIME 
vs. SERIES RESISTANCE 


where: 

R =the maximum allowable series resistance in ohms 

t= the maximum rise time per data sheet in seconds 

C= the board capacitance plus the driven device’s 
input Capacitance in farads 

k=0.7 for the MC145040/1 

k= 2.3 for other devices 


10. 


11. 


12. 


transported in materials that are antistatic. Devices 
must not be inserted into conventional plastic 
““snow’’, styrofoam or plastic trays, but should be left 
in their original container until ready for use. 


. All CMOS or NMOS devices should be placed on a 


grounded bench surface and operators should ground 
themselves prior to handling devices, since a worker 
can be statically charged with respect to the bench 
surface. Wrist straps in contact with skin are strongly 
recommended. See Figure 2. 


. Nylon or other static generating materials should not 


come in contact with CMOS or NMOS circuits. 


. lf automatic handling is being used, high levels of 


Static electricity may be generated by the movement 
of devices, belts, or boards. Reduce static build-up by 
using ionized air blowers or room humidifiers. All parts 
of machines which come into contact with the top, 
bottom, and sides of IC packages must be grounded 
metal or other conductive material. 


. Cold chambers using CO for cooling should be 


equipped with baffles, and devices must be contained 

on or in conductive material. 

When_ lead-straightening or hand-soldering is 

necessary, provide ground straps for the apparatus 

used and be sure that soldering ties are grounded. 

The following steps should be observed during wave 

solder operations. 

a. The solder pot and conductive conveyor system of 
the wave soldering machine must be grounded to 
an earth ground. 

b. The loading and unloading work benches should 
have conductive tops which are grounded to an 
earth ground. 

c. Operators must comply with precautions previously 
explained. 

d. Completed assemblies should be placed in an- 
tistatic containers prior to being moved to subse- 
quent stations. 

The following steps should be observed during board 

cleaning operation. 

a. Vapor degreasers and baskets must be grounded to 


Ts: 


14. 


15, 


16. 


ve 


an earth ground. Operators must likewise be 
grounded. 

b. Brush or spray cleaning should not be used. 

c. Assemblies should be placed into the vapor 
degreaser immediately upon removal from the anti- 
Static container. 

d. Cleaned assemblies should be placed in antistatic 
containers immediately after removal from the 
cleaning basket. 

e. High velocity air movement or application of 
solvents and coatings should be employed only 
when module circuits are grounded and a static 
eliminator is directed at the module. 

The use of static detection meters for line surveillance 

is highly recommended. 

Equipment specifications should alert users to the 

presence of CMOS or NMOS devices and require 

familiarization with this specification prior to perform- 
ing any kind of maintenance or replacement of devices 
or modules. 

Do.not insert or remove CMOS or NMOS davies 

from test sockets with power applied. Check all power 

supplies to be used for testing devices to be certain 
there are no voltage transients present. 

Double check test equipment setup for proper polarity 

of voltage before conducting parametric or functional 

testing. 

Do not recycle shipping rails. Continuous use causes 

deterioration of their antistatic coating. 


RECOMMENDED FOR READING 
“Total Control of the Static in Your Business” 
Available by writing to: 

Static Control Systems Div. 

Box ELB-3, 225-4S 

3M Center 


St. 


Paul, MN 55144 


Or calling: 
1-800-328-1368 
1-612-733-9420 (in Minnesota) 


FIGURE 2 — TYPICAL MANUFACTURING WORK STATION 
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NOTES? 1: 
work area. 
2. Ground strap. 


3. Wrist strap in contact with skin. 
4. Static neutralizer. (lonized air blower directed at work.) 
Primarily for use in areas where direct grounding 


is impractical. 





1/16 inch conductive sheet stock covering bench top 


5. Room humidifier. Primarily for use in areas where the 


relative humidity is less than 45%. 


Caution: building 


heating and cooling systems usually dry the air causing 
the relative humidity inside of buildings to be less than 


outside humidity. 
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CMOS LATCH UP 

Latch up will not be a problem for most designs, but the 
designer should be aware of it, what causes it, and how to 
prevent it. 

Figure 3 shows the layout of a typical CMOS inverter and 
Figure 4 shows the parasitic bipolar devices that are formed. 
The circuit formed by the parasitic transistors and resistors is 
the basic configuration of a silicon controlled rectifier, or 
SCR. In the latch-up condition, transistors Q1 and Q2 are 
turned on, each providing the base current necessary for the 
other to remain in saturation, thereby latching the devices 
on. Unlike a conventional SCR, where the device is turned 
on by applying a voltage to the base of the NPN transistor, 
_ the parasitic SCR is turned on by applying a voltage to the 
emitter of either transistor. The two emitters that trigger the 
SCR are the same point, the CMOS output. Therefore, to 
latch up the CMOS device, the output voltage must be 
greater than Vpp +0.5 Vdc or less than — 0.5 Vdc and have 
sufficient current to trigger the SCR. The _ latch-up 
mechanism is similar for the inputs. . 

Once a CMOS device is latched up, if the supply current is 
not limited, the device will be destroyed. Ways to prevent 
such occurrences are listed below. 


1. Insure that inputs and outputs are limited to the maxi- 
mum rated values, as follows: 


—0.5< Vins Vpp+t+0.5 Vdc referenced to Vs 
—0.5<Vouts Vpp + 0.5 Vde referenced to VSs 

[lin] $10 mA 

lout] <= 10 mA when transients:or dc levels exceed the 
supply voltages. 


. If voltage transients of sufficient energy to latch up the 


device are expected on the outputs, external protec- 
tion diodes can be used to clamp the voltage. Another 
method of protection is to use a series resistor to limit 
the expected worst case current to the Maximum 
Ratings values. See Figure 1. 


._ If voltage transients are expected on the inputs, pro- 


tection diodes may be used to clamp the voltage or a 
series resistor may be used to limit the current to a 
level less than the maximum rating of lj; = 10 mA. See 
Figure 1. 


. Sequence power supplies so that the inputs or outputs 


of CMOS devices are not powered up. first (e.g., 
recessed edge connectors may be used in plug-in 
board applications and/or series resistors). 


. Power supply lines should be free of excessive noise. 


Care in board layout and filtering should be used. 


. Limit the available power supply current to the devices 


that are subject to latch-up conditions. This can be ac- 
complished with the power supply filtering network or 
with a current-limiting regulator. 


FIGURE 3 — CMOS WAFER CROSS SECTION 
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FIGURE 4 — LATCH UP CIRCUIT SCHEMATIC 
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Introduction 


This chapter is intended to demonstrate the quality and 
reliability aspects of the semiconductor products supplied by 
Motorola. 


Quality in Manufacturing 


QUALITY IN DESIGN 


Motorola’s quality activity starts at the product design 
stage. It is its philosophy to ‘design in’’ reliability. At all 
development points of any new design reliability orientated 
guidelines are continuously used to ensure that a thoroughly 
reliable part is ultimately produced. This is demonstrated by 
the excellent in-house reliability testing results obtained for 
all Motorola’s semiconductor products and, more impor- 
tantly, by our numerous customers. 


MATERIAL INCOMING CONTROLS 


Each vendor is supplied with a copy of the Motorola Pro- 
curement Specification which must be agreed in detail bet- 
ween both parties before any purchasing agreement is made. 
This is followed by a vendor appraisal report whereby each 
vendor's manufacturing facility is visited by Motorola Quality 
Engineers responsible for ensuring that the vendor has a well 
organized and adequately controlled manufacturing process 
capable of supplying the high quality material required to 
meet the Motorola Incoming Inspection Specification. Large 
investments have and are continuously being made and 
Quality Improvement programs developed with our main 
suppliers concerning: 

Masks — Silicon — Piece-parts — Chemical products — 
Industrial gas, etc. 

Each batch of material delivered to Motorola is quarantin- 
ed at Goods-in until the Incoming Quality Organization has 
subjected adequate samples to the incoming detailed inspec- 
tion specification. In the case of masks, this will include 
mask inspection for: 


1. Defect Density 

2. Intermask Alignment 

3. Mask Revision 

4. Device to Device Alignment 
5. Mask Type 

Silicon will undergo the following inspections: 
1. Type ‘’N” or ope 

2. Resistivity 

3. Resistivity Gradient 

4. Defects | 

5. Physical Dimensions 

6. Dislocation Density 


Incoming chemicals are also controlled to very rigorous 
standards. Many are submitted to in-house chemical analysis 
where the supplier's conformance to specification is 


NEW PRODUCT TYPICAL DESIGN FLOW 
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Commercial Sample 
This basic design flow-chart omits 
some feedback loops for simplicity 


meticulously checked. In many cases, line tests are perform- 
ed before final acceptance. A major issue and responsibility 
for the Incoming Quality Department is to ensure that the 
most disciplined safety factors have been employed with 
regard to chemicals. Chemicals can and are often rejected 
because safety standards have not been deemed acceptable. 


WAFER FABRICATION 


All processing stages of Motorola products are subjected 
to demanding manufacturing and quality control standards. 
A philosophy of ‘Do it Right the First Time’ is instrumental 
in assuring that Motorola has a reliability record second to 
none. 

The Bipolar and MOS Wafer Fabrication flow charts are 
examples which highlight the various in process control 
points audited by both Manufacturing and Quality people. 
The majority of these inspections are control audit points 
with inspection gates at critical points of the process; this is 
in line with Motoroia policy of ali personnel being responsibie 
for quality at each manufacturing stage. 

Diffusion and ion implantation ‘processing is subject to 
oxide thickness controls penetration evaluations. Controls 
are also performed on resistivity and defect density. Diffu- 
sion furnaces, metallization, and passivation equipment are 
subjected to daily qualification requirements by using C-V 
plotting techniques. C-V techniques are also used to ensure 
ongoing stability as they do provide a very sensitive measure- 
ment of ionic species concentration. 

In addition many other specific controls are used as a 
means to ensure built-in reliability and. provide statistical 
trend data, which include: 

@® Environmental monitoring for humidity, temperature 

and particles 

@ Deionized water resistivity, particles and bacteria 

checks in water 

@® Epitaxial material: resistivity — thickness — crystal 

defects 


@ Oxide: thickness — charges — pinhole density 


@® Metallization: thickness — adherence — metal compo- 
sition — ohmic contacts 


@ Doping profiles 
@ Pre and post etch inspections 


@® In process SEM analysis for step coverage: metalliza- 

tion — grain size — phosphorous concentration 

@® Passivation integrity checks 

@® Calibration 

@ Finai visual inspection gate. 

After all processing stages are completed, every wafer lot 
is subject to a detailed electrical parameter check. 
Parameters such as threshold voltage, junction breakdown 
voltages, resistivity, field inversion voltages, etc., are 
measured and each batch is sentenced accordingly. The data 
generated at this point is treated statistically as a control on 
the distribution of each key electrical parameter thus allow- 
ing corrective action adjustments to be implemented in a 
timely manner. 

Every wafer lot is submitted to an electrical probe test dur- 
ing which every individual die is tested to its electrical 
specification. Chips which fail are individually inked. 


BIPOLAR WAFER FABRICATION 
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MOS WAFER FABRICATION 
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ASSEMBLY 


The assembly operation is of equal importance to the 
wafer fabrication process as a manufacturing activity which 
will effect the reliability of the finished product. Motorola 
continuously makes major investments in specialized 
assembly areas located in Malaysia, the Philippines and 
Korea. These assembly plants employ the latest technologies 


Cie) 


Passivation 


Backlap + Gold Evaporation 


In-Process O 
Inspection 


available to ensure that all Motorola semiconductors are pro- 
duced to the highest standards of Quality and Reliability. In 
addition, each wafer fabrication facility has in-house 
assembly capability which allows some production, specific 
engineering activity and qualification of piece-parts sup- 
pliers. The major production volumes of Motorola’s Inte- 
grated Circuits are assembled offshore in the Far East. 
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identical Quality and Reliability philosophies are practiced 
in the assembly areas as within the wafer fabrication 
facilities. Quality Assurance Audits for immediate corrective 
actions are performed after major process steps as demon- 
Strated in the flow-chart. In addition, screening options are 
available. The statistical data obtained from quality audits are 
reported to the appropriate business centers either daily, 
weekly or monthly for review. 

Motorola ts particularly aware of the major impact 
moisture can have on the reliability performance of either 
plastic or ceramic parts. With this in mind several major new 
innovations have been introduced to safeguard Motorola 
products and thus enhance their overall reliability perfor- 
mance, these include: 


@ Faraday shield vacuum packed wafer shipping system 


@ Temperature and humidity controlled wafer inventory 
stores 


Inert atmosphere for metal can packages encapsulation 
New design lead frames (plastic assembly) 

New molding compounds 

Low moisture content glass 


® Moisture content audit procedures 
@ Super dry piece-part controls 


FINAL TESTING 


Each of Motorola’s facilties has a complete Final Test 

capability for all of the products fabricated and assembled. 
The majority of products, after assembly, are tested and 
Q.A. released at the facility responsible for that product. 
Some product is tested in the offshore assembly site; 
however, this is always returned to the facility for Q.A. 
release prior to final shipment to customer. 
Final test is a comprehensive series of dc, functional 
and speed orientated electrical tests as well as adapted 
forced tests. These tests are normally more stringent than 
data sheet requirements and are finally sampled by Outgoing 
Quality Assurance. 

In practice, the test flow philosophies vary according to 
product. For instance, most of the Discrete devices are dou- 
ble tested as part of a zero defect quality improvement pro- 
gram. As well, many Integrated Circuits are tested at various 
temperatures. There are also many burn-in options available. 


TYPICAL INTEGRATED CIRCUITS ASSEMBLY AND FINAL TEST FLOW CHART 
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OUTGOING QUALITY SAMPLING PLAN 


A.Q.L. 
1979 1980 1981 1982 1983 
Rectifiers Electrical Inoperative 0.10 0.10 0.065 0.065 0.065 
. Parametric — 0.40 0.40 0.25 0.25 0.25 
~ Visual/ Mechanical 0:25; "0.25 0.15 ° O15 0.10 
Linear Electrical Inoperative 0.25. 0.15 0.15 0.15 0.10 
Parametric . 0.65 0.40 0.40 0.40 0.25 
Visual/ Mechanical 0.15 0.15 0.15 0.15 0.15 
Power Transistors Electrical Inoperative 0.10 0.10. 0.10 0.10 0.10 
Parametric 0.40 0.40 0.40 0.40 0.25 
Visual/ Mechanical 0.25 0.25 0.25 0.15 0.15 
Small Signal Transistors —_ Electrical Inoperative 0.15 0.15 0.10 0.10 0.10 
Parametric 0.65 0.65 0.40 0.40 0.40 
Visual/ Mechanical 0.40 0.40 025. 015 0.15 
CMOS Function/ Parametric LTPD LTPD 0.15 0.10 0.10 
Visual/ Mechanical (5.0) (5.0) 0.15 0.15 0.15 
MOS Microprocessors Function/ Parametric LTPD LTPD 0.15 0.10 0.10 
Visual/ Mechanical (5.0) (5.0) 0.15 0.15 0.15 
NMOS Memories Function/ Parametric LTPD LTPD 0.15 0.10 0.10 
Visual/ Mechanical (5.0) (5.0) 0.15 0.15 0.15 
LS TTL ECL | . Function/ Parametric 0.15 0.15 0.065 0.065 0.065 
Bipolar Memory/LSI Visual/Mechanical ~ 0.65 0.15 0.065 0.065 0.065 


ALS/FAST Function/ Parametric — — ae 0.065 0.065 
. Visual/ Mechanical | 


. EVOLUTION OF AVERAGE OUTGOING QUALITY — A.0.Q. 
(TOTAL A.0.Q. INCLUDING VISUAL, MECHANICAL AND ELECTRICAL) 


@eee==eang Bipolar Linear |/C’s 
10 | | Xen X Rectifiers 


OQuweeQ Transistors 
ZeemmeemmeZ Bipolar Digital |/C’s 


PPM x 103 





1976 1977 1978 1979 1980 1981 1982 1983 





OUTGOING QUALITY 


Although test procedures may vary from product to pro- 
duct within Motorola, the same philosophy applies when 
considering quality objectives. Motorola’s mission Is to be a 
Quality and Reliability leader worldwide. 


HIGHLIGHTS: 

Motorola recognizes that you, our customers, are truly 
concerned about improving your own quality image. You 
are, therefore, concerned about the quality of the product 
Motorola supplies you. 

Our customers measure us by the level of defects in the 
products we supply at incoming inspection, during assembly 
and, most important, field reliability. 

During the past years, Motorola has achieved impressive 
reductions in defect rates known as A.O.Q. or Average 
Outgoing Quality. Instrumental in this Success has been the 
planned continuous reduction in outgoing A.Q.L. to a point 
where Motorola believes that over all products it can 
demonstrate the most aggressive A.Q.L.’s in the industry. 

This aggressive program has been designed to help elimi- 
nate expensive incoming inspection at Our Customers. 

All of the facilities also practice an extremely demanding 
parts per million program program (PPM). 

The PPM performance of all Motorola products is 
calculated in each location using the same method; they are, 
therefore, directly comparable. Motorola is well aware that 
when discussing PPM with existing or potential customers, it 
is of paramount importance to explain exactly which failure 
categories are included in the stated PPM figures. 
Motorola’s PPM figures will include: 

@ Electrical Inoperative Failure 

@ Electrical Parametric Failures (dc and ac) 


@ Visual and Mechanical criteria. 


In many published cases, stated PPM values refer to Elec- 
trical Inoperative failures only. 

At Motorola, the Electrical Inoperative, the Electrical 
Parametric and the Visual Mechanical failure rates are 
calculated separately and then combined to reach an overall 
total. In this way Motorola believes that is giving its 
customers a true and accurate assessment of the quality of 
the product. Unqualified PPM statements can be misleading 
and cause the customer to expect quality levels which can- 
not be achieved. For example, Motorola CMOS A.O.Q. is 
quoted at 1,250 PPM overall Electrical parameters and in- 
cluding Visual/Mechanical categories. However, the func- 
tion failure level is less than 200 PPM. Other product families 
such as Small Signal Plastic Transistors are already reaching 
50 PPM in Electrical Inoperative failure rate. 

The Motorola PPM graphs are éxcellent examples of what 
has been achieved over the last years with regard to quality 
improvements. 

Reductions between 50% and 300% in average outgoing 
quality are typical across the broad range of Motorola pro- 
ducts. 

Throughout the semiconductor industry there have been, 
and there still are, examples of manufacturers offering higher 
quality standards at a premium. This is not a Motorola 
strategy, we believe that our customers should expect high 
quality products at no extra cost. This is Motorola's aim and 
we will continue to aggressively pursue Quality and Reliabil- 
ity improvements which will be passed on to our customers 
as an obligation on our part. 

Also, we actively encourage our customers to provide 
their quality results at their Incoming Inspection, during their 
manufacturing process and from the field in order to better 
correlate and further improve our quality performance. 


MOTOROLA A.0.Q. PLAN 


1980 
Power Transistors 3400 
Rectifiers 1750 
Small Signal Metal 4100 
Small Signal Plastic 1500 
Linear I/C’s 4300 
L and'S.F: 5000 
Memory 7000 
Microprocessor 7000 
Bipolar Digital Logic 1260 
Bipolar Memory/LS] 1620 


History Goal 
Average Dec 

1981 1982 1982 1983 
1400 1100 950 700 
1100 1000 950 700 
2200 1400 1100 800 
1200 1030 800 600 
2800 1900 2000 1000 
2370 1380 1150 500 
4360 2400 2900 1300 
3860 2450 2900 1300 
802 975 800 500 
1200 1000 151 700 


A.0.Q. Includes all Defects: Visual, Mechanical, 
Electrical Inoperative and Parametric. - 








_ AVERAGE A.0.Q. IN P.P.M. FOR MOS PRODUCTS FIGURES 
INCLUDE FUNCTIONAL/PARAMETRIC/VISUAL/MECHANICAL 
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RELIABILITY 


Paramount in the mind of every semiconductor user is the 
question of device performance versus time. After the ap- 
plicability of a particular device has been established, its ef- 
fectiveness depends on the length of troublefree service it 
can offer. The reliability of a device is exactly that — an ex- 
pression of how well it will serve the customer. The following 
discussion will attempt to present an overview of Motorola’s 
reliability efforts. 


BASIC CONCEPTS 


It is essential to begin with an explanation of the various 
parameters of Reliability. These are probably summarized 
best in the Bathtub Curve (Figure 1).. The reliability perfor- 
mance of a device is characterized by three phases: infant 


FIGURE 1 
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mortality, useful life and wearout. When a device is produc- 
ed, there is often a small distribution of failure mechanisms 
which will exhibit themselves under relatively moderate 
stress levels and therefore appear early. This period of early 
failures, termed infant mortality, are reduced significantly 
through proper manufacturing controls and screening 
‘techniques. The most effective period is that in which only 
occasional random failure mechanisms appear; the useful life 
typically spans a long period of time with a very low failure 

' rate. The final period is that in which the devices literally 
wear out due to continuous phenomena which existed at the 
time of manufacture. Using strictly controlled design techni- 
ques.and selectivity in applications, this period is shifted well 
beyond the lifetime required by the user. 


FIGURE 2 
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Both the infant mortality and random failure rate regions 
can be described through the same types of calculations. 
During this time the probability of having no failures to a 
specific point in time can be expressed by the equation: 


Po= e~ At 


where d is the failure rate and t is time. Since \ is changing 
rapidly during infant mortality, the expression does not 
become useful until the random period, where X is relatively 
constant. In this equation X Is failures per unit of time. It is 
usually expressed in percent failures per thousand hours. 
Other forms include FIT (Failures In Time=(%/103 hrs) 
x 10~ 4= 10~ 9 failures per hour) and MTTF (Mean Time To 
Failure) or MTBF (Mean Time Between Failures), both being 
equal to 1/X and having units of hours. 

Since reliability evaluations usually involve only samples of 
an entire population of devices, the concepts of the Central 
Limit Theorem apply and } is calculated using x2 distribution 
through the equation: 


x2 (x, 2r+ 2) 
Ns ant 
100- CL 
where X = ——————— 
100 


CL = Confidence Limit in percent 
Number of rejects 

: Number of devices 
Duration of test 


or 3S im j 
HW 


The confidence limit is the degree of conservatism desired 
in the calculation. The Central Limit Theorem states that the 
values of any sample of units out of a large population will 
produce a normal distribution. A 50% confidence limit is 
termed the best estimate and is the mean of this distribution. 
A 90% confidence limit is a very conservative value and 
results in a higher \ which represents the point at which 90% 
of the area of the distribution is to the left of that value 
(Figure 2). The term (2r+ 2) is called the degrees of freedom 
and is an expression of the number of rejects in a form 
suitable to x2 tables. 

The number of rejects is a critical factor since the defini- 
tion of rejects often differs between manufacturers. While 
Motorola uses data sheet limits to determine failures, 
sometimes rejects are counted only if they are catastrophic. 
Due to the increasing chance of a test not being represen- 
tative of the entire population as sample size and test time 
are decreased, the x2 calculation produces surprisingly high 
values of for short test durations even though the true long 
term failure rate may be quite low. For this reason relatively 
large amounts of data must be gathered to demonstrate the 
real long term failure rate. 

Since this would require years of testing on thousands of 
devices, methods of accelerated testing have been 
developed. 

Years of semiconductor device testing has shown that 
temperature will accelerate failures and that this behaviour 
fits the form of the Arrhenius equation: 


R(t) = Roltle— O/kT 
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where R(t) = Reaction rate as a function of time and 
temperature 


= A constant 

Time 

Activation energy in electron volts 
Boltzman’s constant 

Temperature in degrees Kelvin 


~~ + oy 
4 @ a 
Hou ef 
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To provide time-temperature equivalents this equation is 
applied to failure rate caicuiations in the form: 


t = toe O/kT 
where t = time 
to = Aconstant 


The Arrhenius equation essentially states that reaction rate 
increases exponentially with temperature. This produces a 
Straight line when plotted on log-linear paper with a slope ex- 
pressed by ©. © may be physically interpreted as the energy 
threshold of a particular reaction or failure mechanism. The 
activation energy exhibited by semiconductors varies from 
about 0.3 eV. Although the relationships do not prohibit 
devices from having poor failure rates and high activation 
energies, good performance usually does imply a high ©. 
Studies by Bell Telephone Laboratories have indicated that 
an overall © for semiconductors is 1.0 eV. This value has 
been accepted by the Rome Air Development Command for 
time-temperature acceleration in powered burn-in as 
specified in Method 1015 of MIL-STD-883. Data taken by 
Motorola on Integrated Circuits have verified this number 
and it is therefore applied as our standard time-temperature 
regression for extrapolation of high temperature failure rates 
to temperatures at which the devices will be used (Figure 3). 
For Discrete products, 0.7 eV is generally applied. 

To accomplish this, the time in device hours (t1) and 
temperature (71) of the test are plotted as point P1. A ver- 
tical line is drawn at the temperature of interest (T2) and a 
line with a 1.0 eV slope is drawn through point P1. 

Its intersection with the vertical line defines point P2, and 
determines the number of equivalent device hours (t2). This 
number may then be used with the x2 formula to determine 
the failure rate at the temperature of interest. Assuming 11 
of 125°C at t1 of 10,000 hours, a t2 of 7.8 million hours 
results at a T2 of 50°C. If one reject results in the 10,000 
device hours of testing at 125°C, the failure rate at that 
temperature will be 20%/1,000 hours using a 60% con- 
fidence level. One reject at the equivalent 7.8 million device 
hours at 50°C will result in a 0.026% /1,000 hour failure rate, 
as illustrated in Figure 4. — 

Three parameters determine the failure rate quoted by the 
manufacturer: the failure rate at the test temperature, the ac- 
tivation energy employed, and the difference between the 
test temperature and the temperature of the quoted x. A 
term often used in this manipulation is the ‘acceleration fac- 
tor’ which is simply the equivalent device hours at the lower 
temperature divided by the actual test device hours. _ 

Every device will eventually fail, but with the present 
techniques in Semiconductor design and applications, the 
wearout phase is extended far beyond the lifetime required. 
During wearout, as in infant mortality, the failure rate is 
changing rapidly and therefore loses its value. The parameter 








used to describe performance in this area is ‘Median Life’ 
and is the point at which 50% of the devices have failed. 
There are currently only few significant wearout 
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mechanisms: electromigration of circuit metallization, elec- 
trolytic corrosion in plastic devices and metal fatigue for 
Power devices. 


FIGURE 4 
FAILURE RATE 
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For increased flexibility in working with a broad range 
of device hours, the time-temperature regression lines 
have been normalized to 500°C and the time scale 
omitted, permitting the user to define the scale based 
on his own requirements. 


Reliability 





RELIABILITY TESTS: 
DEFINITION, PURPOSE AND PROCEDURES 


These definitions are intended to give the reader a brief 
understanding of the test currently used at Motorola for 
reliability checking. They also state which: main failure 
mechanisms are accelerated by the test. 


HIGH TEMPERATURE STORAGE LIFE 

An environmental test where only temperature is the 
stress. Temperature and test duration must be specified. 
Usually temperature is the maximum storage temperature of 
the devices under test. Main failure mechanisms are 
metallization, bulk silicon, corrosion. 


HIGH TEMPERATURE REVERSE BIAS (HTRB) . 
_Anenvironmental stress combined with an electrical stress 

whereby devices are subjected to an elevated temperature 

and simultaneously reverse biased. To be effective, voltage 


must be applied to the devices until they reach room 
temperature at the completion of the test. Temperature, time 
and voltage levels must be specified. Accelerated failure 
mechanisms are inversion, channeling, surface contamina- 
tion, design. 


HIGH HUMIDITY, HIGH TEMPERATURE REVERSE 
BIAS (H3TRB) 


A combined environmental/electrical stress whereby 
devices are subjected to an elevated ambient temperature 
and high humidity, simultaneously reverse biased for a 
period of time. Normally performed on a sample. basis 
(qualification) on non-hermetic devices. The most common 
conditions is 85°C and 85% relative humidity. More extreme 
conditions generally are very destructive to the chambers 
used. Time, temperature, humidity and voltage must be 
specified. This accelerated test mainly detects corrosion 
risks. 
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STEADY STATE OPERATING LIFE 


An electrical stress whereby devices are forward (reverse 
for zeners) biased at full rated power for prolonged duration. 
Test is normally 25°C ambient and power is 100% of full 
rated. (For power devices the |/C’s maximum operating Ti is 
used.) Duration, power and ambient, if other than 25°C, 
must be specified. Accelerated failure mechanisms mainly 
are metallization, bulk silicon, oxide, inversion and channel- 


ing. 


DYNAMIC OPERATING LIFE 


An electrical stress whereby devices are alternately sub- 
jected to forward bias at full rated power or current and 
reverse bias. 

Duration, power, duty cycle, reverse voltage ambient and 
frequency must be specified. Used normally for rectifiers and 
silicon controlled rectifiers. Failure mechanisms are essential- 
ly the same as steady state operating life. 


INTERMITTENT OPERATING LIFE 
(POWER CYCLING) 


An electrical stress whereby devices are turned on and off 


for a period of time. During the ‘‘on’” time the devices are 
turned on at a power such that the junction temperature 
reaches its maximum rating. During “‘off’’ cycle the devices 
return to 25°C ambient. Duration, power, or duty cycle must 
be individually specified. Accelerated failures mechanisms 
are mainly die bonds, wire bond, metallization, bulk silicon, 
and oxide. 


THERMAL SHOCK (TEMPERATURE CYCLING) 


An environmental stress whereby devices are alternately 
subjected to a low and high temperature with or without a 
dweii time in between io siabilize the devices to 25°C am- 
bient — the medium is usually air. Temperatures, dwell times 
and cycles must be specified. Failure mechanisms are essen- 


tially die bonds, wire bonds, and package. 


THERMAL SHOCK (GLASS STRAIN) 


An environmental stress whereby the devices are sub- 
jected to a low temperature, stabilized and immediately 
transferred to a high temperature. The medium is usually li- 
quid. Failures mechanisms essentially are the same as 
temperature cycling. 


EXAMPLE OF NEW PROCESS QUALIFICATION TESTS 


MIL-STD-883 
Reference 


Operating Life 


Temperature Humidity 
Bias 


Autoclave 
_ High Temperature 
Storage 


Thermal Cycle 
(Air to Air) 


Thermal Shock 
(Liquid to Liquid) 


Shock, Vibration, and 
Constant Acceleration 


Data Retention Bake 


(Non Volation Memories) 


Condition 
125°C, 5 V or 15 V 


85°C, 85% R.H. 
5Vor15V 


121°C, 100% R.H. 
15P.S.1.G. 


150°C 
— 65°C to 150°C 
5 Min Dwell 


— 65°C to 150°C 
5 Min Dwell 


1,500G, 3 per Axis 
150— 2,000 Hz, 20 g 
30 kg 


200/250° C 
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Duration 
1,000 Hours 


1,000 Hours 


~ 144 Hours 


1,000 Hours 


1,000 Cycles 


1,000 Cycles 


0.5 MS 
2 Hours 


1,000 Hours 


Test Method 








MECHANICAL SHOCK 
A mechanical stress whereby the devices are subjected to 


VIBRATION VARIABLE FREQUENCY 
Same as Vibration Fatigue except that frequency is log- 


high impact forces normally in two or more of the six orienta- arithmically varied from 100 Hz to 1 kHz and back. Number 
tions X1, Y1, Z1, X2, Y2, Z2. Tests are to verify the physical of cycles is normally four. Cycle time, amplitude and total 
integrity of the devices. G forces, pulse duration, and num- duration must be specified. Failure mechanisms are mainly 
ber of shocks and axes must be specified. package, wire bond — this test is not applicable to molded 


devices. - 


EXAMPLE OF NEW PACKAGE QUALIFICATION TESTS 


MIL-STD-883 
Reference 
Condition Test Method | 


Operating Life 125°C, 5 V or 18 V 1,000 Hours 


85°C, 85% R.H. 1,000 Hours 
5Vori5V 


Temperature Humidity Bias 


Autoclave 121°C, 100% R.H. 144 Hours 
15 P.S.1.G. ° 


High Temperature Storage | . 150°C 1,000 Hours 


Thermal Cycle 
(Air to Air) 


Thermal Shock 
(Liquid to Liquid) 


Shock, Vibration, and 


— 65°C to 150°C 
5 Min Dwell _ 


— 65°C to 150°C 
5 Min Dwell 


1,500 G, 3 per Axis 


1,000 Cycles 


1,000 Cycles 


0.5ms 


Constant Acceleration 150 — 2,000 Hz, 20 g 2 Hours 


30 kg 


Hermeticity 1.85, 10-8 
atm cc/sec 


Visual Inspection 


Dimensions Outline Dwg. 


Marking Permanency 
Solderability 3 Seconds 


Wire Bond Strength 
(Post Seal) 


Die Shear 
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EXAMPLE OF STANDARD RELIABILITY PROGRAM 


Reliability 
Engineering Motorola Reliability Program For: 
Department 


Test Methods/ Conditions 


Reliability Audit Thermal Shock 25 1 Product Line MIL-STD-883, Method 1011 
Per Week — 25°C, +125°C. 
Dwell Time 5 mn, 100 Cycles 
High Temperature 40 TA= 150°C, VCB=.8 VCB max. 168 hours 
[Rowse | ly aaa a eee 


Life Tests High Temperature ~3 Product Lines TA= 150°C, VCB=.8 VCB max. 1,000 hours 


Reverse Bias Per Month 


High Temperature TA= 150°C, 1,000 hours 
Storage 


Steady State MIL-STD-883, Method 1005 
Life TA= 125°C, 1,000 hours 
High Humidity : TA=85°C, 85% Humidity 
High Temperature VCB=.8 VCB max. 1,000 hours 
Reverse Bias 

(+2) devices for correlation purpose 


Non Hermetic Operating 
Interface |/C's Tj = 155°C 
Consumer |/C’'s Operating 
Tj= 125°C 
DO4/DO5 Tj= 150°C 
Rectifier VR=.8 BVR 
Axial Diodes VR=.8 BVR 

























No. Of — 
Failures 





Activation -Derated % Per 1,000 Hours 
Energy Temperature At 60% Confidence 


0 


Button Diodes T= 150°C 520,000 5° 
VR=.8 BVR 
Small Signal 579,000 
Plastic 












VCB= .8 BVCO 






Small Signal 
Metal 
Transistor 


Case 77 
Power Plastic 
Transistor 


T0220 
Power Plastic 
Transistor 
TO3P 
Power Plastic 
Transistor 
TO3 
Power Metal 
Transistor 


Tj= 150°C 
VCB=.8 BVCBO 











Tj= 150°C 













VBC=.8 BVCBO 
T= 150°C 


a ee ee 
al tel Sal 













VCB= .8 BVCBO 
T= s50°C 


Transistor 
366,080 
297 ,024 
247,104 











VCB=.8 BVCBO 
T= 150°C 


TeV 

7 eV 

J eV 

7 eV 
= 
_ 

7 eV : 

7 eV 7 

7 ev . 

7 eV 








VCB= .8 BVCBO 


ol Mal IE 
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Derated % Per 1,000 Hours 
Energy Temperature At 60% Confidence 
75°C 0.003 
85°C 0.014 
7 

















No. of 
CMOS Ceramic 125°C 2.04 x 109. 
Static Bias . 
15V 


CMOS Plastic | 125°C 1.13 x 106 
Static Bias — |. . 
15 V 

125°C 2.88 x 106 

434,456 

519,120 

917,280 

966,672 


. Dynamic Bias 
st No. of Activation Derated % Per 1,000 Hours 
Test Conditions ‘Device Hours Failures - Energy Temperature At 90% Confidence 


























_ 6800 Series 
Plastic 


> 


psf 










7 














U.V. EPROM 


Life Test 125°C 0.009 
Dynamic Bias 
5V 


250°C Bake 


1 EV 










Data Retention 


EEPROM 
Life Test 










125°C 
Dynamic Bias 
“BY 
250°C 
125°C 
Dynamic Bias 
' §.5V- 


N 
ol 











Data Retention 
64K DRAM 

























Product Family 
LS-TTL 


CL 







5V 
125°C * 41.0 eV 70°C 0.0029 
Static Basis’ 
-5.2V — 


Static Bias 






61.74 x 106 








e 









5V 


No. of Activation Derated % Per 1,000 Hours 
Product Family Test Conditions Device Hours Failures Energy Temperature At 60% Confidence 
Operational Operating. 437,472 ya 1 eV 71) he Cam 0.0026 
Amplifier Tj= 135°C 
Hermetic Operating . 718,848 4 1 eV 70°C 0.0033 








~ The reliability approach at Motorola Semiconductors is an ongoing reliability monitor which covers all process and 
based on designing in reliability rather than testing for reli- packaging options. This program provides a continuous up- 
ability only. This concept is reflected by Motorola’s man- to-date data base which is summarized in periodical reports. 
‘datory procedures which require product, process and : 

‘packaging qualification on three independently produced Reliability statistics supporting all Motorola Semiconduc- 
lots before any product is released to volume production. tor devices can be obtained from any of the Motorola Sales 
Reliability engineering approval supported by an officially Offices upon request. The present operating life test results 
documented report is required before any product is released demonstrates Motorola’s reputation for producing semicon- 
to manufacturing. Tests at both maximum rated and ac- ductors with reliability second to none. 

celerated stress levels are performed. Acceleration is impor- 

tant to determine how and at what stress level a new design, The Quality organization in each facility is responsible for 
product process or package would fail. This information pro- preparing and maintaining a Quality Manual which describes 
vides an indication of what design changes can be _ im- in detail the quality systems and associated Reliability and 
plemented to ensure a wider and safer margin between the Quality Assurance organization, policies, and procedures. 
maximum rated stress condition and the devices stress This manual must be appraised and ultimately approved by 
limitation. the appropriate approval authority. 


As well as qualifying all new: products, processes and 
piece-parts, each Motorola manufacturing facility operates 
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Mechanical Data 


MECHANICAL DATA 


The package availability for each device is indicated on the front 
page of the individual data sheets. Dimensions for the packages are 
given in this chapter. 


P| N PACKAGE 


P SUFFIX 
PLASTIC PACKAGE 
CASE 626-04 


Notez 






p—-| ice 
G 


prane K 


MLL METERS AETERS|_—_ INCHES 
















240 | 0.260 

NOTES: 3.94 | 0.155 | 0.175 
1. LEAD POSITIONAL TOLERANCE: ervoed: 0015 10.020 

$18 0.13 (0.005) @| TLA@ |B @ PIN 1, ACIN 040 | 0.060 





oo 
n” 
o> 


. DC+IN 


BO 


DIMENSION “L” TO CENTER OF 2 
LEADS WHEN FORMED PARALLEL. 3. DC- IN 
. PACKAGE CONTOUR OPTIONAL 4. ACIN 
(ROUND OR SQUARE CORNERS). 5. GROUND 
6 
7 
8 


w 


. DIMENSIONS A AND B ARE DATUMS. . OUTPUT 
. DIMENSIONING AND TOLERANCING 
PER ANSI Y14.5, 1973. 


> 


. AUXILIARY 
. VCC 


a 





MECHANICAL DATA (Continued) 


i 1 4-PiN PACKAGES sau 





















L SUFFIX 
CERAMIC PACKAGE 
CASE 632-07 
a 0.785 
A eae a 
t ' 1 . 
Hl --| G-— seating eee ig | 0.58 | 0.023 
PLANE LF | 0.070 
TG | 2.54 BSC 0.100 BSC 
NOTES: 3. DIMENSION “A” AND “B” (632-07) DO Hf Aa 228 O78 2.088 | 
1. ALL RULES ANB NOTES ASSOCIATED NOT INCLUDE GLASS RUN-OUT. KY 318 432 0.170 
WITH MO-00T AA OUTLINE SHALL APPLY. 4 | EADS WITHIN 0.25 mm (0.010) DIA 7.62 BSC 0.300 BSC 
2. DIMENSION “L" TO CENTER OF LEADS OF TRUE POSITION AT SEATING PLANE 15° 
WHEN FORMED PARALLEL. AND MAXIMUM MATERIAL CONDITION. 0.040 


P SUFFIX 
PLASTIC PACKAGE 
CASE 646-05 





pbb el Geb Jie te . 


NOTES: 

1. LEADS WITHIN 0.13 mm 
(0.005) RADIUS OF TRUE | 
POSITION AT SEATING 
PLANE AT MAXIMUM 
MATERIAL CONDITION. 

- DIMENSION “L” TO 
CENTER OF LEADS 
WHEN FORMED 
PARALLEL. 

3. DIMENSION “B” DOES NOT 

INCLUDE MOLD FLASH. 

4. ROUNDED CORNERS OPTIONAL. 


0.160 | 0.200 | 
| 0.015 | 0.021 | 


NO 
fo] 
— 
Oo 
fan) 
ive) 
(cp) 
lop) 


o 
els 
SJ] cn} co 
r=) 

o 

a= 

OS 
jon 


0.040. 








MECHANICAL DATA (Continued) 


i! 16-PiN PACKAGES sue 














SEATING 


. PLANE 


. LEADS WITHIN 0.13 mm (0.005) RADIUS 
OF TRUE POSITION AT SEATING PLANE 
AT MAXIMUM MATERIAL CONDITION. 

. PACKAGE INDEX: NOTCH IN LEAD 
NOTCH IN CERAMIC OR INK DOT. 

3. DIM “L” TO CENTER OF LEADS WHEN 

FORMED PARALLEL. 


— 


Ro 








LANE 


NOTES: 

1. LEADS WITHIN 0.13 mm 

(0.005) RADIUS OF TRUE 
POSITION AT SEATING 
PLANE AT MAXIMUM 

_ MATERIAL CONDITION. 

2. DIMENSION “L" TO 
CENTER OF LEADS 
WHEN.FORMED 
PARALLEL. 


L SUFFIX 
CERAMIC PACKAGE 
CASE 620-08 


4. DIM “A” AND “B" DO NOT INCLUDE 
GLASS RUN-OUT. 

5. DIM “F’ MAY NARROW TO 0.76 mm 
(0.030) WHERE THE LEAD ENTERS 
THE CERAMIC BODY. 


P SUFFIX 
PLASTIC PACKAGE 
CASE 648-05 


OPTIONAL LEAD 
CONFIG. (1,8, 9, & 16) 


NOTE 5 


+. eed 
Maniacs 


, Pia —l6 Kl, SEATING . 


= ca M ies 


3. DIMENSION “B” DOES NOT 
INCLUDE MOLD FLASH. 

4. “F’’ DIMENSION IS FOR FULL 
LEADS. “HALF” LEADS ARE 
OPTIONAL AT LEAD POSITIONS 
1,8, 9, and 16). 

5. ROUNDED CORNERS OPTIONAL. 
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om ne | INCHES | 

| MIN | MAX | MIN | MAX | 
TA | 18.80 | 21.34] 0.740 | 0.840 
| B | 6.10 | 6.60 | 0.240 | 0.260 
| ¢ [ 4.06 | 5.08 | 0.160 | 0.200 
-{D [| 0:38 | 0.53 | 0.015 | 0.021 
| F | 1.02 0.040 | 0.070 
TG {  2.54BSC 0.100 BSC 
| H | 0.38 [2.41 | 0.015 | 0.095 | 
| J { 0.20 | 0.38 | 0.008 | 0.015] 
[K | 2.92 | 343 | 0.115 | 0.135 
7.62 BSC 0.300 BSC 
TM [{ 0° | too | 0° | 100 | 
PN [ 051 | 1.02 | 0.020 




















0.040 


MECHANICAL DATA (Continued) 


es | §-P)N PACK AG ES seen 


P SUFFIX 
PLASTIC PACKAGE 
CASE 707-02 





SEATING PLANE 


oe —~{}-D rd aoe 


NOTES: 


1. POSITIONAL TOLERANCE OF LEADS (0D), 
SHALL BE WITHIN 0.25mm(0.010) AT 
MAXIMUM MATERIAL CONDITION, IN 
RELATION TO SEATING PLANE AND 
EACH OTHER. ; 

2. DIMENSION L TO CENTER OF LEADS 
WHEN FORMED PARALLEL. 

3. DIMENSION B DOES NOT INCLUDE 

-MOLD FLASH. 


L SUFFIX 
CERAMIC PACKAGE 
CASE 726-04 








SEATING PLANE 
D 
NOTES: 


1. LEADS, TRUE POSITIONED 2. DIM “L” TO CENTER OF 
WITHIN 0.25 mm (0.010) DIA. LEADS WHEN FORMED 


AT SEATING PLANE, AT PARALLEL. 
MAXIMUM MATERIAL 3. DIM “A” & “B” INCLUDES 
CONDITION. MENISCUS. 


15 









ova CaLLMETERS INCHES 
| MIN | MAX | MIN | MAX]. 
| A_| 22.22 | 23.24 | 0.875 | 0.915 | 


LB] 6.10] 6.60 | 0.240 | 0.260 | 


LC | 3.56 | 4.57 | 0.140 | 0.180 | 
[D | 0.36 | 0.56 | 0.014 | 0.022 | 


[FT 4.27 [1.78 | 0.050 | 0.070 | 

|G | 254 BSC {| 0.100 BSC__| 

LH | 1.02 | 1.52 | 0.040 | 0.060 _ | 

| J { 0.20 | 0.30 | 0.008 | 

PK | 292 | 3.43 | 0.115 | 0.135 | 
0054-150 TOF 1158 

LN | 0.57 | 1.02 | 0.020] 0.040 _| 
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oS i] 
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MECHANICAL DATA (Continued) 


_ L SUFFIX 
CERAMIC PACKAGE 
~ CASE 732-03 









SILTIAETERS IRHES 


pe eae ie aa 105 
| B | 6.60 | 7.49] 0.260 | 0.295 | 

rc | 3.81 | 6.08 | 0.150] 0.200 

a 


i= Un Fa SoS BSC 
TH | 0.51 | 1.27 [ 0.020 | 0.050 | 























NOTES: ry [-0.20 {0.30 | 0.008 | 0.012 | 
1. LEADS WITHIN 0.25 mm (0.010) 2. DIM L TO CENTER OF LEADS 
DIA, TRUE POSITION AT WHEN FORMED PARALLEL. 
SEATING PLANE, AT MAXIMUM 3. DIM A AND B INCLUDES Lm { oo | 15° | oo 150" | 
MATERIAL CONDITION. MENISCUS. | N | 0.25 | 1.02 | 0.010 | 0.040 


P SUFFIX 
PLASTIC PACKAGE 
CASE 738-02 





MILLIMETERS| INCHES | 


| MIN | MAX [ MIN | MAX | 
25.65 | 27.18 | 1.010 | 1.070 | 
6.10 | 6.60 | 0.240 | 0.260 | 
rc { 3.94 | 4.57 [0.155 | 0.180 | 
SS Niaen Cutan 










Zn 
eels | yee 








121 [1.18 {0.080 | 0.070 | 
NOTES: | 
1. DIMA] IS DATUM. 4. DIM “B” DOES NOT INCLUDE MOLD FLASH. 
2. POSITIONAL TOL FOR LEADS; 5. DIM TO CENTER OF LEADS WHEN 
! 1D 0.25 (0.010)@) | FORMED PARALLEL. 
| cae n10}@)T AG) 6. DIMENSIONING AND TOLERANCING 
i 3. ET] IS SEATING PLANE. PER ANSI Y14.5, 1973. 
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MECHANICAL DATA (Continued) 


UI} UQ0”PGCIUee 22-PIN PACKAGES suunse 


P SUFFIX 
PLASTIC PACKAGE 
CASE 708-04 


2 ed 


\ Lk 
ae ema G es | arr en | er psi af M yo 















NOTES: 


_1, POSITIONAL TOLERANCE OF LEADS (D), 

SHALL BE WITHIN 0.25mm(0.010) AT 
_ MAXIMUM MATERIAL CONDITION, IN 

RELATION TO SEATING PLANE AND 
EACH OTHER. 

2. DIMENSION L TO CENTER OF LEADS 
WHEN FORMED PARALLEL. 

3. DIMENSION B DOES NOT INCLUDE 
MOLD FLASH. 


L SUFFIX 
CERAMIC PACKAGE 
CASE 736-03 








earn! 


Re 





Hle— +1Gk SEATING ~~/ 


eM 
PLANE 


NOTES: 

1. LEADS TRUE POSITIONED 
WITHIN 0.25 mm (0.010) DIA AT 
SEATING PLANE AT MAXIMUM 
MATERIAL CONDITION (DIM “D”). 

2. DIM “L” TO CENTER OF LEADS 
WHEN FORMED PARALLEL. 


‘ ad 
_ 
oO 
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0.25 








MECHANICAL DATA (Continued) 


a  24-P/N PACKAGES 


-L SUFFIX 
CERAMIC PACKAGE 
CASE 623-05 





SEATING PLANE 





NOTES: 2. LEADS WITHIN 0.13 mm 





1. DIM “L” TO CENTER OF (0.005) RADIUS OF TRUE 
LEADS WHEN FORMED - POSITION AT SEATING PLANE 
PARALLEL. AT MAXIMUM MATERIAL 
CONDITION. (WHEN FORMED 
PARALLEL). 
P SUFFIX 
PLASTIC PACKAGE 
CASE 649-03 





SEATING 
PLANE — 


NOTES: | 
1. LEADS WITHIN 0.13 mm (0.005) 

- RADIUS OF TRUE POSITION AT 
SEATING PLANE AT MAXIMUM 
MATERIAL CONDITION. 

2. DIMENSION “L” TO CENTER OF 
LEADS WHEN FORMED PARALLEL. 


738 


MECHANICAL DATA (Continued) 


HUGG 24-Pi\) PACKAGES (Continued) = 


P SUFFIX 
PLASTIC PACKAGE 
CASE 709-02 


ive] 





~ 12 WN 
ia L 1 














MILLIMETERS| INCHES | 

































an ' ie ae wiles oR 
—|H|- 2G _ —— sd] J PA | 31.37 | 32.13 | 1.235 | 1.265 
F D ‘seating --M |B | 13.72 [ 14.22 | 0.540 | 0.560 

PLANE }c_ | 3.94 | 5.08 | 0.155 | 0.200 _| 

/D | 0.36 | 0.56 | 0.014 | 0.022 | 

TF | 1.02] 1.52 

NOTES: rg | 2.54 BSC | 0.100 BSC 

1. POSITIONAL TOLERANCE OF LEADS (D), 2. DIMENSION L TO CENTER OF LEADS |H_ | 1.65 | 2.03 | 0.065 
J) =| 0.20] 0.38 0.015 

SHALL BE WITHIN 0.25 mm (0.010) AT WHEN FORMED PARALLEL. rk | 2.92 3.43 

MAXIMUM MATERIAL CONDITION, IN 3. DIMENSION B DOES NOT INCLUDE MOLD 

RELATION TO SEATING PLANE AND FLASH. iM | oo | 159 {| 99 | 15° | 
EACH OTHER. [N | 0.51] 1.02 0.040 
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MECHANICAL DATA (Continued) 


a 28-PIN PACKAGES NE NA 


P SUFFIX 
PLASTIC PACKAGE 
CASE 710-02 











a ee ih 7 a\ ok |, yoke 


PLANE 





NOTES: | 
1. POSITIONAL TOLERANCE OF LEADS (D), 2. DIMENSION L TO CENTER OF LEADS 

SHALL BE WITHIN 0.25mm(0.010) AT _ WHEN FORMED PARALLEL. 
MAXIMUM MATERIAL CONDITION, IN 3. DIMENSION B DOES NOT INCLUDE 
RELATION TO SEATING PLANE AND MOLD FLASH. 
EACH OTHER. . 

Z SUFFIX 

CHIP CARRIER 
CASE 763-01 





[oeuteeaes MS 


NOTES: 
1. DIMENSIONS A AND L ARE 
DATUMS. 
2. T ISAGAUGE PLANE. 
3. POSITIONAL TOLERANCE FOR 
TERMINALS (D): 28 PLACES. 


0.15 (0.006) @ 
4. DIMENSIONING AND TOLERANCING 
PER ANSI Y14.5, 1973. 
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MECHANICAL DATA (Continued) 


Zs 4()-PiN PACKAGES suuauu 


P SUFFIX 
PLASTIC PACKAGE 
CASE 711-03 




















SEATING 
PLANE 























[0.040 [ 0.060, 
0.100 BSC 
NOTES: 0.065 | 0.085 | 
1. POSITIONAL TOLERANCE OF LEADS (0), 2. DIMENSION L TO CENTER OF LEADS 0.008 | vats 
SHALL BE WITHIN 0.25 mm (0.010) AT WHEN FORMED PARALLEL. OTS | 135 
MAXIMUM MATERIAL CONDITION, IN 3. DIMENSION B DOES NOT INCLUDE 0.600 BSC 
RELATION TO SEATING PLANE AND MOLD FLASH. TM | 0° | | 0° | 15 
EACH OTHER. 
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